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This thesis studies implementation-related issues in OFDM-based digital receivers, using the
IEEE 802.11a WLAN standard as a specific wireless technology, where the data rate ranges from
6 Mbps to 54 Mbps. Our goal is to expose and exploit the possibility of scaling of the receiver
computational complexity in relation to variable data rate requirements. To facilitate such
computational scalability, we propose and evaluate the use of the polar coordinates during data
processing in the frequency domain. We also evaluate the impact of various fixed-point
precision settings during data processing in both the time domain and the frequency domain. We
have found that for the 6-Mbps and 54-Mbps data rates the appropriate fixed-point word length
should be 15 bits and 20 bits, respectively. While evaluating different fixed-point precision
settings, we found that simulations times were prohibitively long. To address this issue, we also
propose an alternative 5-step simulation procedure that significantly reduces the simulation time

needed to evaluate any given fixed-point setting option.
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Chapter 1: Introduction

1.1. Motivation and Objectives

With the ever-increasing need for higher data rates and stable performance, the boundaries of
modern telecommunication systems are constantly tested and pushed to further limits. Mobile
communication has recently taken the step into its fourth generation of standards, such as
WIMAX and LTE (Long Term Evolution), while WLANs (Wireless Local-Area Networks) have
recently adopted the IEEE 802.11n standard. These new standards offer data rates around 300

Mb/s, while providing better resistance to environmental effects.

At the heart of the new abovementioned wireless technologies is OFDM (Orthogonal
Frequency Division Multiplexing). This thesis investigates hardware-oriented implementation
issues arising in OFDM receiver designs and exposes engineering tradeoffs between system
performance and computational cost. This thesis then provides technical recommendations for an
OFDM receiver design, targeting computational effort reduction with negligible system
performance degradation. As typical OFDM receivers support multiple data rates, the first goal
was to enable scaling of the receiver computational complexity in relation to variable data rate
requirements. In our simulation-based experimental studies, we have chosen the OFDM-based
IEEE 802.11a WLAN standard as a demonstration platform. This standard specifies eight data
rates: 6, 9, 12, 18, 24, 36, 48, and 54 Mbps. System simulations, used for performance
evaluation of various design alternatives, pose a challenge of a different kind: they are very time-
consuming, which slows down the design decision-making process itself. Our second goal was
to enable fast evaluations of design decisions, with empirical indicators of how optimistic or

pessimistic those decisions are in terms of hardware requirements.



1.2.

Thesis Contributions

There are three main contributions presented in this thesis:

First, we propose the use of polar (amplitude-phase) coordinates during processing of
complex-valued signals in the frequency domain, as opposed to the common practice of
using Cartesian (real-imaginary) coordinates. The advantage of polar coordinates is in
their computational scalability in the context of data-rate-dependent OFDM
demodulation. For example, for the data rates of 6, 9, 12, and 18 Mbps the amplitude
information can be ignored during demodulation (i.e., only the phase information is
used), so the receiver may effectively shut down the circuitry that processes the
amplitude stream of signal values. This cannot be done when using Cartesian
coordinates, as both real and imaginary streams of received signal values are needed

during demodulation.

Second, we describe a new simulation approach that allows for significant reductions in
the amount of time need to evaluate a decision on a particular design parameter. In our
studies, we needed to simulate multiple data rates at multiple SNRs (signal-to-noise
ratios) for an indoor Rayleigh fading channel model, and each simulation setting required
10,000 runs. We reduced the number of runs per setting to 100 by simulating only the
worst-case channel scenario. The corresponding design parameters, chosen to ensure
acceptable system performance under such worst-case scenario, are pessimistic. We then
decide on the same design parameters based on 100-run simulations of the best-case
channel scenario, which gives us the optimistic alternative. Having both pessimistic and
optimistic sets of design parameters proved to be very useful in making final design

decisions.



e Third, we identify (based on our simulation results) the required fixed-point word lengths
to be used in typical receiver implementations for time-domain and frequency-domain
signal processing. These fixed-point word lengths (allocated to represent floating-point
numbers approximately in binary format) are, in fact, an example of a design parameter
that we had to decide upon, with the objective to match the system performance exhibited
in floating-point simulations. We found that the required fixed-point word lengths are
strongly dependent on the data rate, which allows the receiver to scale its computational

efforts accordingly.

The design recommendations presented in this thesis pertain to channel-independent receiver
configurations that can be selected automatically by the system, based only on the information
contained in the frame header. We do not address more advanced, channel-dependent receiver
configurations that involve estimating and using more detailed information about the wireless
channel state (e.g., SNR). The latter case is likely to improve system performance, but it would
also require a higher computational effort related, for example, to more sophisticated channel

estimation.



1.3. Related Work

There are numerous papers, such as [26, 27], that report various implementations of OFDM-
based receivers, but they omit details on the actual design process used to arrive at the reported
implementation. Our first contribution — a time-saving simulation methodology — aims at
highlighting the issue of very long simulation times (which is particularly problematic when
simulating fixed-point receivers) and providing a relatively simple solution for reducing

simulation times.

The idea of using polar coordinates to process complex-valued signals is not new [41,
42], but at first (superficially) it appears to offer no significant advantages with respect to using
Cartesian coordinates. For example, in the 54 Mbps data rate case (the highest rate specified by
the IEEE 802.11a WLAN standard), this is indeed true, and consequently, the vast majority of
reported implementations use Cartesian coordinates. However, from the computational
scalability viewpoint, polar coordinates are a better choice, allowing for significant
computational savings at lower data rates. To our knowledge, published research works have not
investigated the merit of using polar coordinates in OFDM-based 802.11a-compliant receiver

implementations. Information on the 802.11a standard specification can be found in Appendix B.

The current literature on OFDM-based receivers also lacks reports on fixed-point
performance of physical-layer processing of received frames, which consider all of the following
steps: synchronization, frequency offset compensation, channel estimation/equalization, fast
Fourier transformation, phase tracking, and demodulation. Related publications, such as [26,
27], focus only on one or two steps (assuming ideal performance of the others), which provides
an incomplete picture of overall performance of fixed-point receiver implementations. This
thesis fills most of the gaps in the analysis of the sequence of typical computational steps of the
OFDM-based receiver. The analysis does not include I/Q mismatch, sampling offset, and phase

noise compensation [17-19].

The brief literature overview presented here serves only as a quick summary of related
work in relation to our claimed contributions in general. More technical details and additional
references are described in Chapters 4-6, where we discuss the merits and drawbacks of our

specific design decisions (after Chapters 2-3 providing background information).



1.4. Thesis Organization

The rest of the thesis is organized as follows. Chapters 2 provides a basic background on the
OFDM technology. Chapter 3 discusses critical challenges of synchronization, channel
estimation, and phase tracking that need to be solved in practical implementations of OFDM-
based receivers. Chapter 4 documents our reference floating-point (MATLAB) implementation
of a typical OFDM-based 802.11a-compliant receiver that uses Cartesian coordinates. In
Chapter 5 we describe our proposed receiver that uses polar coordinates and compare its
floating-point performance against that of our reference Cartesian-coordinate receiver. Chapter 6
presents the simulation results and analysis of fixed-point performance of our proposed polar-
coordinate receiver in comparison to its floating-point performance. In the same chapter, we also
present our overall time-saving methodology used to arrive at the recommended values of our
simulated fixed-point word lengths. Finally, Chapter 7 concludes the thesis with the summary,

conclusions and suggestions for future work.



Chapter 2: OFDM Primer

Orthogonal Frequency Division Multiplexing, or OFDM, is a type of multicarrier modulation
based on frequency division multiplexing (FDM) [1]. FDM divides the available spectrum into
sets of channels with a certain bandwidth for each user. The available bandwidth is limited
however, and increasing data rate without increasing bandwidth lowers the receiver’s resistance
to channel impairments, such as inter-symbol interference (1SI) and frequency selective fading.
Multicarrier modulation overcomes channel impairments to some extent, by dividing a symbol
stream into parallel substreams to be transferred over multiple subchannels [2]. OFDM
subchannels are carried by subcarriers which are orthogonal to each other (see Fig. 2.1), which
means that these subcarriers have zero cross-correlation and hence can be packed closer together

without interference, as long as they are properly spaced.
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Figure 2.1: FDM vs OFDM [1]



2.1. OFDM Properties

There are several essential elements present in any OFDM-based system: Fast Fourier Transform

(FFT), cyclic prefix, windowing, and orthogonal subcarriers. These are explained in more detail
below.

211 FFT

Fourier transform derives spectral information from a given time-sampled signal, as shown in

Eq. (2.1); while the inverse Fourier transform, given by Eq. (2.2), converts the frequency-domain
information back to the time domain [5]:

X(f) = joox(t)e-fzﬂft dt (2.1)

X0 = [ X af 22)
In a digital system working with discrete samples, the Discrete Fourier Transform (DFT)
and its inverse IDFT are used, as given by Eq. (2.3)-(2.4), where k is the frequency-domain
sample index and n is the time-domain sample index. Fast Fourier Transform (FFT) and its
inverse IFFT are faster versions of DFT and IDFT, involving fewer multiplications but requiring

the number of samples N be a power of two [5]:

N-1

X = Z xye 2Nk =12..,N (2.3)
n=0
N-1

Xy = Z X, eJ2mkn/N n=12.,N (24



FFT and IFFT are at the heart of the OFDM modem. Each OFDM symbol is split into N
parallel frequency-domain samples containing modulated data bits. By passing these samples
through the N-tap IFFT, the transmitter generates a series of N time-domain samples, each
containing information from all frequency-domain samples of an OFDM symbol. An OFDM
symbol is formed when the N time samples are arranged back in a serial fashion. Fig. 2.2 shows
how N = 4 subcarriers relate in time and frequency, while Fig. 2.3 shows how an OFDM symbol
(shown in bold) is formed from N subcarriers. Once an OFDM symbol (i.e., a series of N time-
domain samples) has arrived at the receiver, the latter passes time-domain samples through the
N-tap FFT to retrieve the corresponding N subcarriers and then extracts data bits by

demodulation. The value of N of an FFT/IFFT varies from one standard to another [3][4].

Time

Figure 2.2: Time and Frequency Relationship among Multiple Subcarriers [3]
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Figure 2.3: OFDM Symbol Obtained from Subcarriers Shown in Fig. 2.2 [3]

2.1.2. Cyclic Prefix

To deal with a multipath delay spread, OFDM relies on a guard interval placed at the beginning
of each OFDM symbol. The guard interval is made wide enough to ensure that delayed paths
from previous symbols do not overlap (i.e., not causing ISI) with new symbols. If the guard
interval is left empty (no samples), the subcarrier orthogonality is compromised (i.e. each
subcarrier characteristics are no longer independent of neighbouring subcarriers), causing inter-
carrier interference (ICI) that can lead to complete loss of an OFDM symbol [4]. To avoid this
problem, the guard interval is filled with a cyclic prefix made of copies of the last Ny time-
domain samples of the OFDM symbol, as shown in Fig. 2.4. Using the cyclic prefix guarantees
that the subcarrier orthogonality is maintained, as long as Ny is large enough to accommodate the
maximum delay spread. The cost of using the cyclic prefix is a loss of signal energy on

redundant information [1].
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Complete OFDM Symbol
<€ >

Gl Data Part Second OFDM Symbol
< >€ >< >

Cyclic Prefix Copy of last OFDM samples

Figure 2.4: Guard Interval with Cyclic Prefix [1]

2.1.3. Windowing

When combining the series of OFDM symbols one after the other, sharp transitions may appear
between adjacent OFDM symbols, as shown in Fig. 2.5. Such transitions (in the time domain)

cause a slow decay in the frequency delay, which introduces unwanted out-of-band spectra [4].

First arriving path
\ Reflection OFDM symbol time

: ) ;,: :’\ :
Reflection delay Guard time FFT integration time Phase transitions

Figure 2.5: Sharp Transition between Adjacent OFDM Symbols [4]
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Fig. 2.6 shows how increasing the number of subcarriers per OFDM symbol can help
reduce the out-of-band spectra. However, even with a large number of subcarriers, the unwanted
spectra can still be significant. To avoid this problem, a windowing function is used to smooth
decaying of the first and last time-domain samples of an OFDM symbol to zero. There are a

number of window designs available in literature. One common design is the raised cosine

window shown in Eqg. (2.4) [4].

0.5+ 0.5cos(m + tn/(BTsym)) 0<t<PTsyn
w(t) = 1 BTsym <t < Toym (2.4)
0.5+ 0.5 cos((t — Tsym)/(BTsym)) Toym <t < (1 + B)Tsym

The variable g in Eq. (2.4) is the roll-off factor which defines the amount of sample
overlap between adjacent OFDM symbols. The more samples overlap from adjacent OFDM

symbols, the more out-of-band spectra are reduced. However, overlapping too many samples

comes at the cost of reduced effective guard interval length [4].

PSD [dBr]

0.5 0 0.5 1 1.5

Frequency / bandwidth

Figure 2.6: OFDM Out-of-Band Spectra [4]
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2.14. Orthogonal Subcarriers

When designing OFDM subcarriers, three issues must be considered: the multipath delay spread,
required data rate, and the available bandwidth. Knowing in advance the approximate delay
spread of the propagation environment gives an idea of the guard interval (cyclic prefix) length
Tep- To reduce the guard interval’s share of the signal energy, the OFDM symbol duration Tsywm iS
then chosen to be several times larger than the guard interval. Once appropriate symbol duration

IS chosen, the subcarrier spacing of is set to 1/Tsym [4].

Determining the number of needed subcarriers depends on the data rate and of. Each
subcarrier is capable of carrying a certain number of coded bits N-gps, Which depends on the
chosen modulation scheme and error-control code. The number of subcarriers Ns is then given by
Eq. (2.5):

datarate X (Tsyy + T¢p)
=

(2.5)

NCBPS

Note that Ny x §f cannot exceed the available bandwidth. Another constraint on N is
that the N-tap FFT/IFFT needs its N to be a power of two. It is preferable to have N, < N and
insert zero subcarriers at the band edges to make N a power of two. These zero subcarriers are
used for oversampling purposes to avoid aliasing. Finally, the sampling time T, and overall
bandwidth are re-adjusted to ensure an integer-valued number of samples for the FFT/IFFT to
avoid ICI [4].
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2.2. OFDM Receiver Challenges

OFDM receivers are generally more complex than transmitters. In addition to inverting
operations carried out at the transmitter, the receiver must also compensate for distortions caused
by channel effects as well as by hardware limitations. The methods used to perform distortion

compensation are not specified in the WLAN standard [6].

There are three main sources of distortion. The first one is imprecise timing of OFDM
symbols. The second one is related to the mismatch between the transmitter and receiver
oscillators. Finally, the third source is channel impairments, such as fading and noise, which are
discussed in detail in Appendix A. The first two sources are due to hardware limitations, as

described next.

2.2.1.  Symbol Timing Offset

When transmitted OFDM symbols arrive at the receiver, their exact starting point is not known.
Proper timing synchronization at the receiver is crucial to achieving a correct alignment of each
OFDM symbol within its FFT window. If not synchronized properly, subcarriers from different
OFDM symbols may be present within the same FFT window, causing ISI and ICI [4].

Letting n. denote the number of offset samples within a single FFT window, the timing

offset can be expressed as
€ =n.Ty (2.6)

Orthogonaility is maintained if all samples within the FFT window are from exactly one
transmitted OFDM symbol, and this is precisely why the cyclic prefix is very important: it allows
for robust timing synchronization [8]. As long as the symbol starting point (chosen by the
receiver) is within the cyclic prefix, subcarrier orthogonality will be maintained. This

requirement can be expressed as follows, for a given maximum delay spread 7,45 [17]:

Tmax

T — Ny <n.<0 (2.7)
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If non-zero n. lies within the range given by Eq. (2.7), a slight phase rotation ¢; =
2md;€e, 1sinduced in the frequency domain at each subcarrier §;. Such phase rotations are easily
compensated by a channel equalizer [4]. When n. is outside the bounds of Eq. (2.7),

orthogonality is lost, and irreducible ISI and ICI arise [17].

2.2.2. Oscillator Imperfections: Carrier Frequency Offset (CFO)

Carrier frequency offset (CFO) is caused by the receiver local oscillator frequency not matching
the carrier frequency of the transmitter. CFO is modeled as a phase rotation in time domain
which increases with each sample. Given the frequency offset Af, the normalized frequency
offsetis given by e = Af /Ty = Af - 5f where &f is the subcarrier spacing. Assuming no
timing offset and slow fading channel, the n-th sample of the received signal r becomes phase-

rotated due to CFO and can be expressed as [9]:
r(n) = {Z h;(t) - s(nT — Ti)} e2™ner/N 4 y(n) (2.8)
i

In Eq. (2.8) s(t) represents the transmitted signal, h; and 7 characterize the i-th tap of the
multipath channel, and @(z) denotes AWGN noise. After the FFT, the frequency-domain effect
of CFO is seen as a frequency shift and rotation of the subcarriers, plus ICI I(k) for each

subcarrier k, as given in Eq. (2.9) [9].

sinmes Jrep(N-1)
R() = SUOHG) | ——L— e ¥ — +1() + W(k)  (2.9)
Nsin (/)

Where, S(K) is the frequency domain representation of the transmitted signal s(t) and H(k) is the
channel transfer function. CFO effects are the same for all subcarriers in one OFDM symbol.
ICI will occur when CFO is large enough to cause a subcarrier shift larger than the subcarrier
spacing. The degradation in SNR due to frequency offset is [4]:

D 19 (mef)? i (2.10)
= ——- (e —_— .
frea = 3110 77 N,
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The IEEE 802.11a standard specifies the frequency offset tolerance to be a maximum of +20

ppm (parts per million), which corresponds to +100KHz for the 5GHz center frequency.

2.2.3. Oscillator Imperfections: Sampling Frequency Offset (SFO)

Sampling frequency offset (SFO) is caused by non-identical sampling clock at the transmitter
and receiver. In other words, SFO arises when the receiver sampling time Ty’ is different from
the transmitter sampling time Ty. The resulting offset is { = (T’ — Ty)/Ts which contributes to
the phase offset 6,(nT;") = (1 + {)esnT, and also causes a symbol window drift in time as

shown in Fig. 2.7 [17].

OFDM symbol window
for § =0

COFDM symbnl window
for 5 =1 )

receiver window |'-'-— _4|

Figure 2.7: OFDM Symbol Window Drift [17]

Assuming no time synchronization errors, the received frequency-domain signal (after
the FFT) is given by [17]:

INg+Ng
N

R, (k) = <efwk . gl >‘Pk> -S(K)HK) + I(k) + W (k) (2.11)

where | denotes the symbol number, and ¢, is the local frequency offset which consists of both
the CFO and SFO:

or=Af+ -k (2.12)
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It can be seen from Eq. (2.11) and (2.12) that CFO affects all subcarriers in an OFDM symbol in
the same way, while SFO affects each subcarrier individually (also see Fig. 2.8). The phase

increment from one OFDM symbol to the next can be derived from Eq. (2.11) as [17]:

N +N,

increment

—% 80, £

OFDM symbol

local subcarrier
offsat

K §

Figure 2.8: CFO and SFO effect on Subcarriers[17]
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2.24. Oscillator Imperfections: Phase Noise

Phase noise is caused by the oscillator jitter that results in data not being modulated at exactly
one frequency [29], and this may cause ICI [4]. Phase noise introduces a random phase rotation
to the transmitted signal r(n) = s(n) - /™ [19]. The phase noise is modelled as a discrete-
time Wiener process which is generated by the summation of a white Gaussian process A (n)

with each sample [18]:
p(m) =pn—1) +2p(n) (2.14)
A@(n) has a zero mean and a variance which depends on the quality of the oscillator:

o}

= A fPcq Ty (2.15)

where the oscillator quality factor ¢, = Afz4p/(f?) is defined by the single-sided 3dB
bandwidth of the Lorentzian spectrum Af;45 [29].

Although the phase rotations induced by phase noise are random, they are common to all
subcarriers and are usually correlated from one OFDM symbol to the next [4]. In the frequency

domain after FFT the received signal appears as [19]:

N-1 N-—
Z z o(n) e’ ) m—kom (2.16)
m=0 n=0

The severity of the error depends on the value of m: if m = k, a common phase rotation based

R(k) = S(k) +

on the average phase noise is seen; otherwise, ICI will be present [19].
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2.3. OFDM Advantages and Disadvantages

There are a number of advantages of OFDM systems for wireless communications. First, OFDM
is resistant to IS1 and ICI, given a proper choice of the cyclic prefix. Second, subcarrier
orthogonality allows OFDM to pack subcarrier bands closer together, as seen in Fig. 2.1, making
it more spectrally efficient than conventional FDM. Orthogonality is also easier to maintain in
OFDM systems than in TDMA or CDMA systems, while FFT/IFFT implementations are
relatively simple and well-developed. OFDM is also resistant to frequency selective fading,
where multipath fades affect a few subcarriers rather than destroy the entire band, as illustrated
in Fig. 2.9 [1].

Figure 2.9: Frequency Selective Fading [3]
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Although OFDM has many advantages, it is not without problems. The two most serious
limitations are synchronization sensitivity and Peak-to-Average Power Ratio (PAPR). Due to
the requirement to maintain subcarrier orthogonality, OFDM is sensitive to time and frequency
synchronization errors [1, 2]. The most serious synchronization errors are related to symbol
timing offset, carrier frequency offset, and sampling frequency offset, as discussed in the
previous sections. The receiver must estimate and compensate for these errors either in the time

domain or the frequency domain.

PAPR is caused when a number of independently modulated OFDM subcarriers are
added together coherently to form the OFDM symbol. The power of the OFDM symbol in the
time domain may experience spikes at different points, which may cause a reduction in RF
power amplifier efficiency. Large PAPR also makes the design of Analog-to-Digital (ADC) and
Digital-to-Analog (DAC) converters more complex [1, 4].

Many solutions to the PAPR problem have been investigated in the literature [4]. One
method is to use signal distortion techniques, such as clipping, to remove the spikes in the time-
domain as shown in Fig. 2.10. Clipping, however, causes the out-of-band spectra to increase (see
Fig. 2.6), which in turn requires better windowing functions. Instead of clipping, special
windowing functions can also be used. Another method is the use of proper scrambling to reduce
the probability of high PAPR. Other methods include using special forward error coding, which
excludes OFDM symbols that cause high PAPR [4].
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Chapter 3: Synchronization, Channel Estimation and Phase Tracking

Synchronization, channel estimation (with equalization), and phase tracking are the key
computational tasks that must be performed by the OFDM-based receiver, in addition to
inverting transmitter operations performed on the data. This chapter outlines common problems

and solutions associated with the tasks in question.

3.1. 802.11a Preamble

The importance of having a preamble for each OFDM frame was first studied in [8]. The idea is
to transmit multiple copies of known symbols (sample sequences) before the data. The receiver
uses these samples for synchronization (both the symbol timing and the carrier frequency). In
802.114a, the preamble is 16 microseconds long consists of two 8-microsecond parts: the short

training sequence (STS) and long training sequence (LTS) [6].

The STS is constructed by first generating 53 subcarriers as shown below:

S_36.26=V(13/6) x {0, 0, 1+},0, 0, 0, -1, 0, 0, 0, 14}, 0, 0, 0, —1-j, 0, 0, 0, =1, 0, 0, 0, 1+, 0, 0, 0, 0,

0,0,0,-1-,0,0,0,-14, 0,0, 0, 1+,0,0,0, 14, 0, 0, 0, 1+, 0, 0, 0, 1+, 0,0}

Next, additional 11 zero subcarriers are inserted, and the 64-tap IFFT is used to generate
the 64 time-domain STS samples. The resulting samples are treated as four short (0.8-
microsecond long) OFDM symbols with 16 samples each. These are then copied to obtain the
total of 10 short OFDM symbols ty, ty, ..., tip Shown in the figure below [6].
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x08+2x32=80us 08+32=4pus | 083+32=40ps| 0E+32=40us

T/"_I_II_I_I_II_l P I I {f T [T ™ 1
_.l t'_ 12 [‘3 t4 ts tﬁ 17 tg [‘9 Il GI2 | Tl | Tz GI| SIGINAL | GI| Data 1 )!f GI| Data 2
| | 1 1 1 1 1 | | | % y

i } FAN 1 }‘k '

“‘T.‘ H -+ > +
1gual Detect, Coarse Freq.  Channel and Fine Frequency ~ RATE SERVICE + DATA  DATA
AGC, Diversity Offset Estimation Offeet Estimation LENGTH
Selection Timing Synchronizs o



21

The LTS is constructed by first generating 53 subcarriers as shown below:

Lyga6={l.1.-1.=1,1.1,-1.1,-1. 1, 1.1, 1,1, 1,=1,-1, 1, 1,-1. 1, -1, 1, 1, 1, 1, 0,

1,-1,-1,1,1,-1,1,-1,1,-1,-1,-1,-1,-1,1,1,-1,-1,1,-1,1,-1,1, 1,1, 1}

Next, additional 11 zero subcarriers are inserted, and the 64-tap IFFT is used to generate the 64
time-domain LTS samples. The resulting OFDM symbol is extended by its copy, yielding the
total of 128 samples, thus forming two symbols T1 and T2. Then, the 32-sample cyclic prefix is
appended to the beginning of LTS [6].

3.2. Synchronization

There are two basic methods of synchronization, using either preamble training symbols, or
the cyclic prefix (blind synchronization). In practice, blind synchronization helps reduce
overhead but its performance is worse than using training symbols. Blind synchronization is
acceptable for circuit-switched application, but the accuracy needed for packet-switched
applications makes preamble-based synchronization more suitable [4][8].

The preamble processing for receiver synchronization includes the following steps (see Fig.
3.1): automatic gain control (AGC), packet detection, time synchronization, and frequency

synchronization. These steps are briefly summarized next.

AGC Packet | Time Frequency
Detection Synchronization Synchronization

Figure 3.1: Basic Synchronization Process
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3.21.  Automatic Gain Control (AGC)

As the demodulated received signal from the 5GHz band tends to have rapid variations in the
incoming signal, the A/D converters can saturate causing synchronization difficulties and SNR
degradation. AGC is used to modify the front-end gain until A/D conversion starts operating in
the linear (non-saturated) region. The AGC process typically needs around 3-5 STS symbols to
complete. Once AGC has stabilized the gain, the packet detector is enabled to monitor if a packet

is present. More details on AGC are presented in [25, 30, 31].

3.2.2. Packet Detection

Most packet detectors in preamble-based synchronization circuits use the auto-correlation
method due to its good performance and ease of implementation [4]. It was first introduced in
[8]. The idea is to correlate the data with its copy using a certain window size. Letting L denote
the length of a training symbol (16 for the STS and 64 for the LTS), the corresponding auto-

correlation window size is 2L, and the auto-correlation output is given by [8]:

L-1
P(d) = Z(r*(d+m)-r(d+m+L)) 3.1)
m=0
Where r is the received sequence of time-domain samples, and d is the first sample in the auto-
correlation window. The later samples can be computed iteratively as:
Pd+1)=Pd)+r*d+L)—r*d)-r(d+1L) (3.2)

The auto-correlation output is then normalized by the signal energy (which can also be computed

iteratively) given by

L-1
R(d) = ZIr(d+m+L)|2 (3.3)
m=0

to obtain the timing metric of interest:

_P@

M) = Ry

(3.4)
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The value of M(d) is first compared to a certain rising threshold: if this threshold is
crossed, the packet detector starts counting the number of samples from that point in time. The
counter keeps incrementing with each newly received sample, as long as the value of M, which is
updated on a sample-by-sample basis, remains above a certain falling threshold; otherwise, the
counter is reset to 0 and waits until the rising threshold is crossed again. If the counter goes
beyond a certain value, a packet is said to be detected [10]. Note that the timing metric M(d)
given by Eq. (3.4) produces a plateau-like curve over time when two successive training symbols
fall within the auto-correlation window. Crossing of the rising threshold would indicate the

potential start of the plateau, whereas the falling threshold would indicate the end of the plateau.

3.2.3. Coarse and Fine Time Synchronization

The challenge in timing synchronization is to find the optimum timing index at which the
preamble ends, or equivalently, the first data OFDM symbol starts. Having a plateau-like
behaviour of the timing metric makes it difficult to identify a precise timing index. Some
research papers suggested the use of cross-correlation instead of auto-correlation [14, 15, 16]. It
was found that cross-correlation estimates the timing index with less variance but at the cost of
higher hardware complexity [10, 14]. To have the benefit of both methods, the authors of [15]
have suggested a two-step process: coarse synchronization and fine synchronization. Coarse
synchronization uses auto-correlation to find the approximate location of the timing index, while
fine estimation uses cross-correlation to find a more precise timing index. In 802.11a, the
preamble was in fact designed for such two-step synchronization, where the STS would be used
for AGC, packet detection and coarse timing, while LTS would be used for fine timing

synchronization.

In the original paper [8], two suggestions were made to find the best timing index. The
first suggestion was to take the maximum metric in the plateau as the timing index. The second
suggestion was to find two points (one on each side) of the plateau that were 90% of the
maximum, and let the timing index be the midpoint between these two points. The analysis

performed in [8] showed that the second method performed better.
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In [11] the suggested timing index was found at the point d where M(d) drops to half its
peak value. The same paper also suggests using only the real part of the auto-correlation R(d) to

reduce hardware complexity:

R(d+1)=R(d) + Re{r*(d+L)-r(d+2L) —r*(d)-r(d + L)} (3.5)

Other techniques, such as those based on the autocorrelation difference [12] and
autocorrelation sum [13], were studied in [10] that showed that the approach from [11] was

better practical choice for coarse time synchronization.

In fine time synchronization, a cross-correlator is used to correlate the received preamble

samples r with the known original preamble c, producing the following metric:

L-1

A(d) = Z c*(m) - r(d +m) (3.6)
m=0
Once cross-correlation is carried out, a decision algorithm is used to determine the fine
timing index. In [14] two algorithms are proposed: the first method simply identifies the
maximum point of the cross-correlation, while the second method finds the point that exceeds a

certain threshold. These methods can be expressed via Eq. (3.7) and (3.8) respectively.

dmax = arg max(|A(d)]) (3.7)
dyep = arg mdin||/1(d)| > th X |A(dmax)|| (3.8)
In 802.114a, the cross-correlator works with the LTS using the window size of 64. The

result is two peaks that identify the start of the first and second LTS symbols, as shown in Fig.
3.2.
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Figure 3.2: LTS Cross-Correlation Peaks

As the cross-correlator suffers from being more computationally complex than auto-
correlation [14], the authors of [16] have proposed quantizing the preamble sample values to the
power of 2. Such quantization allows expensive multiplication operations to be replaced with
simple bit-shift operations. Tests reported in [16] have shown that the hardware could be reduced
by 90% without affecting performance. Similarly, [10] have reported approximately 60%

hardware savings and, in some cases, better performance than non-quantized cross-correlation.
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3.2.4.  Frequency Synchronization

In section (2.2.2.1) it was shown how CFO is represented as a phase rotation which
accumulates with each sample in time domain. In his paper [9], Moose makes use of a repeated
sequence(preamble) to make a Maximum Likelihood(MLE) estimate of the CFO present. By
looking at Eq.(2.3) from a frequency perspective using FFT, the received complex envelope is

expressed by[9]:
1 K
r(n) = N[ z X(k)H(k)e?™mkten/Nf. 5 =01,...,2N -1 (3.9)
k=—K

Now, assuming a two repeated symbols of length N, The FFT of the two symbols can be given
by[9]:

s _2mjnk
R, (k) = Z r(me N  k=01,..N—1 (3.10)
n=0
2N-1
_2mjnk
R,(k) = Z r(n)e” N
n=N
N-1
_2mjnk
= Zr(n+N)e N k=01,..,N—-1 (3.11)
n=0
From eq (3.9),
2mjer 2ije
rm+ N)=r(n)e N - R,(k) =R;(k)e N (3.12)

Eqg. (3.12) shows that the phase difference between two consecutive symbols is a phase shift
proportional to the CFO. Hence, the MLE of the CFO is taken as the angle between two

consecutive symbols [9].
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Knowing the coarse time index d from the auto-correlation, [8] suggests that the angle in

question is the angle of the auto-correlation output at time d:

@, = £P(d) (3.13)

Note that the range and accuracy of the estimated CFO depends on the size of the training
sequence used for auto-correlation [8, 9]. Given the sequence length L, the coarse frequency
offset is [10]:

Po

Af = —2— 3.14
/ 21 X LT, (3.14)

Since the angle ¢, is between 7 and —x, the detectable frequency offset range is —625kHz <
Af < 625kHz for L = 16 (STS) used for coarse time synchronization.

Given L =64 (LTS) used for fine time synchronization, the detectable frequency offset
range becomes —156.25kHz < Af < 156.25kHz . Hence, fine frequency synchronization is
possible. It requires another auto-correlation to be performed on the LTS (using L =64), which

will yield a more accurate estimates of ¢ and then Af based on Eq. (3.13) and (3.14) [10].
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3.3. Channel Estimation

To compensate for multipath fading effects, the receiver must first estimate the channel transfer
function (CTF), followed by channel equalization. Zero forcing channel equalization is simply
multiplying received data by the CTF inverse [41]. A CTF example is shown in Fig. 3.3.

Channel estimation is usually performed in the frequency domain, where the received
preamble is compared with the known preamble to identify the changes introduced in the
channel. There are numerous published works on channel estimation techniques, the least-
squares (LS) and minimum mean-square error (MMSE) methods being the most widely used
and referenced. The latter provides better performance, while the former has less complexity
[20]. Itis possible to perform channel estimation not only in the frequency domain, but in the
time domain as well, which was proposed in [32] that makes use of the preamble PN sequence.
Using the method from [32] can also be beneficial in time-varying channels, but it would require
a preamble at the beginning of each OFDM symbol (which is not the case in 802.11a).
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Figure 3.3: Multipath Channel Transfer Function Sample
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3.3.1. LS Channel Estimation

The LS estimator [20], also known as zero-forcing estimator, is very simple: the CTF estimate
H_s is obtained by dividing (in the frequency domain) the received preamble Y by the known

preamble X that consists of only 1°s and —1’s:

Hps = d 3.15

Ls =% (3.15)

It works well at high SNR, however its performance at low SNR is severely limited. When SNR
is low, the received preamble X’s subcarriers that underwent deep fading are almost entirely
corrupted by noise. Using such faded subcarriers in the denominator in Eq. (3.15) yields infinite

CTF estimates. The MMSE estimator overcomes this problem.

3.3.2. MMSE Channel Estimation

The objective of the MMSE estimator is to compute the channel state information (CSI) hymse,
defined as [20]:

Ry

YY

where Ry, and Ryy are given by [20, 21]:
Ryy = E[hYH] = Ry, FHXH (3.17)
Ryy = E[YYH] = XFR,, FA X" + 621, (3.18)

where Ry, = E[hh!!] is the channel auto-correlation matrix, ¢;2 is the noise variance, and

F = [\/i? e~J2mk/K] js the FFT matrix which represents an FFT operation. The CTF, Huwse is

then found by Hmmse = FhMMSE-

From Eq. (3.16)-(3.18) it can be seen that MMSE estimates not only involve
computationally intensive matrix inversions, but also require the knowledge of R, and o2
(which may not be readily available and must be estimated as well). Thus, in comparison with

the LS estimator, the MMSE estimator is substantially more expensive.
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A practical compromise between the LS and MMSE estimation approaches was proposed
in [21], using the fact that most of the signals energy is concentrated in first few taps of the
channel. This method first obtains an initial LS estimate of the CTF in the frequency domain, and
then converts it into the time domain using IFFT. The SNR (and thus o;?) is then estimated as
the quotient of the first few channel taps over the remaining taps. Matrix Ry, is estimated using
the LS method as well [21].

3.3.3. Channel Estimation in Time-Varying Environment

The estimation methods mentioned in 3.3.1 and 3.3.2 work with the preamble only, and the
resulting channel estimates are updated only when the next preamble (i.e., the next frame) is
received. As long the channel gains do not change significantly during an individual frame
(lasting tens to thousands of microseconds in 802.11a), such an approach works well. If the
channel is time-varying fast enough, the receiver must utilize the pilot subcarriers to adjust
channel estimates within the frame duration [23]. In addition to fast changes in multipath gains,
signals from a fast-moving transmitter (relative to the receiver) will experience the Doppler shift
that may introduce a more severe change to the channel. Work [22] suggests a method which
tracks Doppler shift as well as estimates the delay spread of the channel. In the context of the
802.11a standard designed primarily for the in-door office propagation environment, fast time-

varying channels are not a likely scenario.

3.34. Channel Equalization

Given H;s or Hymse after channel estimation, the receiver has quantitative information on signal
distortions introduced by the channel. These distortions must be compensated for when
processing OFDM data symbols arriving after the preamble. Zero-forcing (ZF) equalizer is
commonly used in 802.11a due to its low complexity[42]. Given the revived OFDM symbols 'Y,
the ZF-equalizer estimates the original OFDM symbols X as in Eq. (3.19). The CTF inverse is
given by C(n) = 1/H(n) and n represents the samples in one OFDM symbol, 1<n<64.

X(n) = L:g =C(n)-Y(n) (3.19)

H(
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3.4. Phase Tracking

Phase tracking is necessary to compensate for the residual frequency offset (RFO). The RFO is
the result of the CFO not being completely compensated in practical situations. The RFO is
typically small, and its effects are usually negligible for frames containing less than 20 OFDM
symbols. However, as the number of OFDM symbols in a frame increases, the RFO starts
accumulating with each symbol to a point where the resulting phase rotations start causing
significant errors [25][28]. It is sufficient to examine the pilot subcarriers to compensate for

such phase rotations.

(a) RFO: 0kHz (b) RFO: 1kHz

Figure 3.4: Effect of RFO [28]
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3.4.1. Phase Compensation Process

Given the received pilots p and the known pilots ¢ of OFDM symbol |, the phase rotation caused
by the RFO is found by [25]:

Np

Yrro(D) = LZ(V ¢ (k) - Pz(k)) (3.20)
k=1

where k is the pilot number, N,, is the total number of pilots (4 in 802.11a), and y is either 1 or -1
depending on the PN sequence used by the transmitter. Alternatively [26],

Np

1
Yrro() = N_Z 4()/ ¢ (k) - Pl(k)) (3.21)
Pi=1
After the phase is found, each data subcarrier within the OFDM symbol in question is
rotated to obtain its corrected value D, according to the following equation [26]:
D;(k) = E(k) - e~ #rro® (3.22)

where E; (k) represents the k-th data subcarrier of the I-th OFDM symbol arriving from the

channel equalizer.
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3.4.2. Feedback-type Phase Tracking

In [26], the authors argue that performing both angle estimation and rotation can cause fatal
delays in the receiver. For this reason, they propose a feedback-based compensator using the
angle obtained from the previous symbol for rotation of the current symbol. Another idea was to
separate rotation used for pilots and data to avoid unwanted changes to pilot values. In [27], the
same authors state that the FFT delay is more significant than that of the angle calculation and
rotation, and hence using the angle estimated from the current pilots poses no problems. Their
tests confirmed that using the current pilots gives more accurate results than using those from the

previous symbol.

In [28], the authors suggest that a better angle estimate can be found via the feedback
from the Viterbi decoder. In this method, decoded data is re-encoded to obtain phase differences
with respect to the data from the channel equalizer. The latter is then phase-compensated
accordingly. It is clear that such a scheme would require symbol buffering and involve double
decoding, both of which would increase the receiver hardware cost.

3.4.3. Compensating for Oscillator Imperfections

In addition to compensating for the RFO, the phase tracking circuit can be modified to handle
other oscillator imperfections, such as the SFO and phase noise (see Chapter 2). The authors of
[33] describe a feedback-based method compensating for both the RFO and the SFO. The
estimate of the latter is updated every couple of OFDM symbols and relies on autocorrelation
between pilots of successive OFDM symbols to track the changes. As for phase noise, [27]
proposes the use of a modified feedback-based phase compensator from [26]. The use of Kalman
filtering in [18] was shown to significantly improve the system performance affected by phase
noise. In [24], the phase tracker complexity was reduced due to the use of a simplified state-

space model to track the RFO as well as random phase error.
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Chapter 4: Reference Receiver Design

This chapter provides a description of our reference 802.11a receiver implemented in MATLAB.
This implementation includes all steps needed to reconstruct PSDU (see Appendix B), including
synchronization, channel estimation (with equalization), and phase tracking. We have tried to
simulate hardware based computations as much as possible, e.g., using CORDIC (see Appendix
D). Unlike most published works that focus on specific parts of the receiver (assuming ideal
performance of the remaining parts), our MATLAB implementation covers a complete digital
signal processing path that starts from the time-domain unsynchronized samples coming out of

the channel and ends with the decoded and descrambled data bits going into the MAC layer.

Synchronizer >—> FFT ﬂnn-el )
Estimation
\ 4
Ph
Demodulator d5€ . < € Equalizer )
Compensatloy 0

A 4

, Viterbi-
De-interleaver > e De-Scrambler
Decoder

y

PSDU

Figure 4.1: 802.11a Reference Receiver Block Diagram

The reference receiver block diagram is shown in Fig. 4.1, where the rectangular blocks
represent the inverse of the transmitter operations, and the oval blocks represent additional tasks
to be performed during reception (the 802.11a standard does not specify how these tasks are to
be implemented). Fig. 4.2 shows a summary of the operations carried out by the Cartesian
reference receiver in the frequency domain (past the FFT). Details of each of the oval block

designs are presented subsequently.
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Figure 4.2: Frequency Domain Cartesian System Operation Summary

4.1. Synchronizer Design
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Demodulator

Our synchronizer uses standard techniques already discussed in Chapter 3 and based mostly on

[10]. Itincludes packet detection, coarse/fine time synchronization, and coarse/fine frequency

synchronization.
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Figure 4.3: Synchronizer Block Diagram
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41.1. Packet Detection

The packet detector is comprised of two parts: the auto-correlator of window size L = 16 and a
sample counter. The corresponding timing metric M(d) at each sample d, as per Eq. (3.4), is
compared to the rising threshold Th,.. If M(d) crosses and remains above Th,. for more than
Th.,: counted samples, a packet is said to be detected. We set Th, = 0.25 and The, = 30. The

packet detection block diagram is shown in Fig. 4.4.
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Figure 4.4: Packet Detector [10]

Recall that computing M(d) involves a division operation per Eq. (3.4) and as
implemented in [39]. To save hardware resources, [40] suggests replacing divisions with simple

comparisons, which we use in our design as well:
|P(d)I? > Th, - (R(d))? (4.1)

Since our Th, is a power of 2, the multiplication is reduced to a simple shift operation.
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4.12. Coarse Synchronization

Once a packet is detected, the coarse time synchronization process is activated: the receiver
keeps computing M(d), but now it is checked against the falling threshold Thy, which we set to
0.25 as well. Typically, Th; will be crossed somewhere in the middle of the last STS symbol,
hence the coarse timing point of interest is usually taken to be at t.oqrse = d + taqjuse, Where
tagjust 1S taken to be around 16 samples (one STS symbol). The coarse frequency offset is
estimated by computing the phase of P(d) at d where Thy has been crossed. This phase is
computed by CORDIC working in VM circular coordinates (see Appendix D), which is then
normalized by the window size L. Since L = 16 is a power of 2, such normalization is a simple

shift operation. The coarse synchronization block diagram is shown in Fig. 4.5.
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Figure 4.5: Coarse Synchronization Block Diagram
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4.1.3. Fine Synchronization

After acquiring the coarse time and frequency estimate, the coarse frequency offset is
compensated by phase rotations applied to the subsequently received samples of the LTS
symbols. These rotations are performed by CORDIC working in RM circular coordinates (see
Appendix D). To estimate fine frequency offset, the same steps as shown in Fig. 4.5 are
performed, but using the LTS samples with L = 64, Th, =0.25, and Th; = 0.5. The estimated fine
phase (from the LTS auto-correlation) is then added to the estimated coarse phase (from the STS
auto-correlation) to form the overall phase offset. This total offset is then used to rotate (using

CORDIC) all the incoming data samples.

For fine time synchronization, a cross-correlation of the two LTS symbols is performed,
which gives the related metric A(d), as per Eq. (3.6). It will produce two peaks identifying the
starting times of the first and the second LTS symbols. We take the time index of the first peak
as the fine timing estimate and add 2L = 128 to it, which gives us the starting point of the data

samples.
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4.2. Channel Estimation and Equalization

Our reference receiver uses the LS channel estimator, as per Eq. (3.15). Due to its simplicity, it is
well-suited for hardware implementations [39, 41]. In order to compensate for channel effects,
the data samples need to be multiplied by the CTF inverse C = 1/H,s or, equivalently, C = X/Y,
where X is the known LTS (a PN sequence of 1 and —1), and Y is the received LTS. The division

of a real number by a complex number requires two divisions:

_ 1 _ 1 ><a—bi_a—bi 42
a+bi a+bi a—-bi a?— b2 (42)

a bi
z = (4.3)

a2_b2 a2_b2

In order to perform these division operations, two CORDICs working in parallel can be used
[39]. Hence, the channel equalization block diagram can be as shown in Fig. 4.6, which is what

we use in our reference receiver.

Known | sien
Preamble X - &
Real(Y) CORDIC
Division
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> _ , N
CORDIC
Imag(Y) ‘| Division

Figure 4.6: Channel Estimation with CORDIC Division



40

In [42] another approach is proposed, where the preamble is first converted from
rectangular to polar coordinates (using another CORDIC), and then, one CORDIC performs
phase rotation and the other performs division (both are working in parallel), as shown in Fig.
4.7. A similar approach is used in [41]; however, the phase rotations are delayed until phase
tracking is also completed (see the next section). This phase is added to the channel equalized

phase and only then all data is equalized via CORDIC rotation.
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Figure 4.7: Channel Estimation using CORDIC Rotation [42]



4.3.

A typical phase tracker is shown in Fig. 4.8, which is taken from [41]. It does not take into

Phase tracking

41

account the 802.11a PN sequence applied to the pilots, and it performs a rotation by 180 degrees

for samples that have a negative real value, which is done to keep the angle range of +r/2. In

Appendix D, it is shown that CORDIC can be extended to work with the angle range of +x;

hence, this extra rotation presented in [41] is not needed.
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Our phase tracking block diagram is shown in Fig. 4.9 and based on the discussion
presented in Section 3.3. It requires one CORDIC to compute the phase difference between

known and received pilots, and another CORDIC to perform phase rotations of data samples

accordingly.
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Figure 4.8: Phase Tracking used in [41]

sequence

counter |

Pilot subcarriers

OFDM symbols

Pilots

. T
extraction

Data subcarriers

CORDIC
Rotation

" CORDIC
1! angle

.
Phase Estimation

z
| \
Accumulator |<—|2,"'1 |(—

CORDIC

Rotation

Figure 4.9: Phase Tracking Block Diagram

: £ Areumulai



42

4.4, Fixed-Point Arithmetic Issues

In most published simulation results, the signal values are usually represented in the floating-
point format. In practical systems, however, it is significantly less expensive to work with
numbers in a fixed-point format. The problem with fixed-point numbers is a loss of precision and

value saturation when word lengths are not chosen properly [45].

For any given number, the bit representation given by Eq. (4.4), where ¢ is the radix point

and B is the number of bits. when the number of bits is infinite, infinite precision is achieved:
5C\B = bObl 0 b2b3b4b5 oo bB (44)

In practice, the number of bits is constrained, and hence the number value becomes quantized
[45]:

B
X=X, (—bo + z biz—i> (4.5)
i=1

B
% = Qplx] = X, (—bo + z biZ‘i> = X, %p (4.6)
i=1

where b; is the bit at the i-th position, and X,,, is a scaling factor. It can also be seen that the

quantization step size, or the smallest difference between two numbers, is given by [45]:
A= X278 (4.7)
The corresponding quantization error bounds are given by Eq. (4.8) [45]:

—A A ,
e =0plx] - x - <e< > for rounding (4.8)

—A<e <A forsaturation
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In addition to the quantization errors, finite world-length computations also give rise to
overflow problems. There are two ways to handle overflow: either roll-over the number value to
0, or saturate it at its maximum, the later being a preferred choice [45]. To avoid overflow, one
can either increase the number of bits (making hardware more expensive) or increase the scaling

factor (making quantization errors greater).

In relation to CORDIC operations, [46] provides an error analysis and concludes that
increasing the number of CORDIC iterations beyond the word length does not improve
precision. Typically, as the number of CORDIC iterations increases, the mean square error
(MSE) of the approximation is decreased. However, the overall MSE of the approximation is

bounded by the quantization error, as shown in Fig. 4.10 taken from [46].
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Figure 4.10: CORDIC Approximation Error [46]
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Chapter 5: Proposed Receiver Design

Transmitted and received OFDM symbol samples in both the time domain and the frequency
domain are complex-valued. Normally, each sample would be represented as two real-valued
components: in-phase (real part) and quadrature (imaginary part), representing a complex
number in the Cartesian coordinates. This means that the receiver would have to process two
streams of numbers: the stream of in-phase components of received samples (we call it I-stream)
and the stream of quadrature components of received samples (we call it Q-stream).
Synchronization, FFT, channel equalization, and phase tracking would require calculations of

both the I-stream and the Q-stream arriving at the demodulator input.

One of our main objectives is to allow the receiver to scale its computational effort
according to the data rate requirements. The design presented in this chapter does not use the
Cartesian coordinates in the frequency domain. We still use the I-stream and the Q-stream in the
time domain, but after the conventional Cartesian FFT operation we convert all the samples into
the polar coordinates, where each complex number is represented by its magnitude and angle
components. Thus, in the frequency domain, we have the stream of magnitude components (we
call it the M-stream) and the stream of angle components (we call it the A-stream). One
immediate advantage of this approach is that for the 802.11a data rates of 6, 9, 12, and 18 Mbps
the M-stream can be completely shut down, thus reducing the computational effort. (If working
with the I-stream and Q-stream instead, a similar shut-down of one of the streams would have
catastrophic effects on the receiver performance.)

While the idea of using polar coordinates is simple and intuitive, it appears to have been
ignored in the literature on 802.11a-relevant receivers [39-44]. A possible culprit may be the
usual focus of the other works on the receiver performance at high data rates, as opposed to our
focus on the computational scalability from low to high data rates. We note that at the highest
802.11a data rates of 48 and 54 Mbps, the polar coordinates offer no practical advantage over

Cartesian, hence there was no motivation to explore their use.
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This chapter highlights both the advantages and disadvantages of using the polar
coordinates, analyzes the extent of the computational scalability across the 802.11a data rates,
and also discusses relevant fixed-point arithmetic issues. The material here covers only the
frequency-domain processing, where we use the polar coordinates. The time-domain processing
remains the same as in the reference receiver (using the Cartesian coordinates). The proposed
changes to the reference receiver start after the FFT operation, where we first place a CORDIC
to convert the frequency-domain I-stream and Q-stream into the M-stream and A-stream. The
subsequent modifications to the channel estimator/equalizer, phase tracker, and demodulator are

detailed next.

5.1. Channel Estimator and Equalizer

The block diagram of our proposed channel estimator and equalizer is shown in Fig. 5.1, where

amplitudes and phases form the M-stream and A-stream respectively.
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Figure 5.1: Proposed Channel Estimator and Equalizer
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The magnitude of the known preamble p; (always 1°s) is first scaled down (divided) by
the scaling factor S, followed by a CORDIC performing division by the magnitude of the
received preamble p,, whose output is then scaled up (multiplied) by S, to obtain the magnitude
equalization values C = pi/p;. Such scaling is needed due to the CORDIC output being bounded
by 2. We use S, = 16 (to allow for replacing divisions and multiplications by shifts), which can
handle the CTF inverse magnitudes of up to 32. To obtain the phase equalization values, we
calculate the difference between the known preamble phase (either =, or 0) and the received

preamble phase according to Eq. (5.1):

0 = p, — sign(p,) * px (5.1)

Given C and 6, channel equalization to be applied to the M-stream and the A-stream of data
samples is trivial: magnitudes are multiplied by C, while @is added to angles. This is in contrast

to the conventional reference receiver that uses a CORDIC to equalize the data’s I-stream and Q-

stream.

5.2. Phase Tracker

The phase tracker is where the design is greatly simplified (compared to the Cartesian phase
tracker in chapter 4), as the pilot and data samples are already in the polar coordinates. Phase
estimations based on pilots and the corresponding phase rotations applied to the data samples are
replaced with simple subtractions and additions of the A-stream numbers. Note that there is no
need to process the M-stream numbers, and the two CORDICs of the conventional reference
phase tracker are eliminated. The block diagram of our proposed phase tracker is shown in Fig.
5.2, where the phase range adjustment blocks are used to keep the angle within +m according to
Eq. (5.2). In addition to using the polar coordinates, it has two extra enhancements: pre-rotation

and pilot masking.
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5.2.1. Pre-rotation

During the phase tracking process, the RFO-induced phase offset increases with each OFDM
symbol from zero to = and then follows a sawtooth-like pattern within —m and +m, as illustrated
in Fig. 5.3 showing the negated offset in question (to be added to the data phase). We introduce
pre-rotation of the received pilots of the current OFDM symbol by a phase offset found for the
previous OFDM symbol, in order to reduce the range of the current phase offset, as shown in
Fig. 5.4. This pre-rotation is applied only to the pilots, while the data samples would be rotated
by the previous plus currently measured phase offsets. It was observed that using pre-rotation
resulted in slight improvements of the receiver performance. The cost of implementing pre-
rotation is negligible when we use the polar coordinates, but it would require an additional
CORDIC in the Cartesian case, i.e., its practical value in the conventional reference receiver

would be very limited.
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5.2.2. Pilot Masking

In our simulations, it was noticed that in cases where significant fading occurred at the pilot
subcarrier locations, the phase tracker was performing poorly: the estimated phase offset, taken
as an average over four pilots (per OFDM symbol), was seriously corrupted by deeply faded
pilots. The idea behind pilot masking is to identify and remove deeply faded pilots to keep the
average phase offset estimate intact. Our proposed receiver relies on the channel estimation
information to determine how severe the fading is at each of the four pilot locations: if the pilot
power is 4 times lower than the expected value, then that pilot is to be discarded. We generate a
4-bit pilot masking vector, where 1’s indicate good pilots, and 0’s indicate damaged pilots. The
phase tracker uses only the pilots that have 1°s in the masking vector to compute the phase offset.

Fig. 5.5 shows a simulation example illustrating the benefit of pilot masking.
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Figure 5.5: Example of Performance Improvement due to Pilot Masking
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5.3. Demodulator

The required demodulation scheme in the 802.11a receivers depends on the data rate (see
Appendix B), as shown in Table B-2. Given the | and Q components of a data sample, the
demodulation task is essentially to find the closest constellation point to the equalized signal as
per Fig. B.8. Our proposed receiver, however, works with the M (magnitude) and A (angle)
components. It is possible to convert the M-stream and the A-stream to the I-stream and Q-
stream (using an extra CORDIC), but this would largely eliminate the computational benefit of
our proposed CORDIC-free phase tracker over the conventional CORDIC-based phase tracker.
This sections describes our modified demodulator that avoids the conversion to the Cartesian

coordinates when possible, or avoids using CORDIC if such conversions are needed.

5.3.1. BPSK and QPSK Demodulation

According to Fig. B.8, the BPSK and QPSK demodulation is possible using only the phase
information. By looking at the A-stream numbers, our demodulator needs to check which half-
plane (for BPSK) or which quadrant (for QPSK) the incoming angle belongs to. Note that the
M-stream numbers are not required at all, hence the corresponding hardware can be completely
shut down. Among eight 802.11a data rates, two are using BPSK (6 and 9 Mbps) and two are
using QPSK (12 and 18 Mbps). Thus, in half of the data rate cases, we are able to eliminate
frequency-domain processing of one stream altogether, which is not possible when using the

Cartesian coordinates.
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5.3.2. 16-QAM Demodulation

According to Fig. B.8, each 16-QAM constellation has four bits bgb;b,bs. In [7], the author
shows how each bit can be represented by the region on the constellation. For Polar coordinates,
bits by and b, are easily found based on the angle information, as shown in Fig. 5.6. Bit by = 1 if
the sample angle lies between —r/2 and + =/2; 0 otherwise. Bit b, = 1 if the sample angle lies

between 0 and =; 0 otherwise.

1
0010 0110 I 1110

e e
________________________ >
0001 0101
L L ]
0000 0100
° )
1
1
b0 = 1 (shaded area) b2 =1 (shaded area)

Figure 5.6: Constellation Regions for bits b0 and b2
Deciding on bits by and bz is more complicated and requires the knowledge of the sample
magnitude. Fig. 5.7 illustrates our proposed method using one specific quadrant as an example,
where the angle ranges from 0 to =/2. This example quadrant is divided into four regions,
numbered 1, 2, 3, 4 (shown in circles). Region pairs 1-2 and 3-4 are distinguished by the angle

being 8 < %or 0 > %, while region pairs 1-3 and 2-4 are distinguished by the magnitude being

a <+/8or a >+/8. In other words, knowing both the angle and the magnitude tells us which
region to use. In region 1, bit b; = 1 for sure, but to decide on bit b; we need to know whether
vertical boundary between the two lower constellations has been crossed (b; = 0) or not (b; = 1),
which involves calculating o-Cos(6). In region 2, bit b; = 0 for sure, but to decide on bit b; we
need to know whether horizontal boundary between the two leftmost constellations has been
crossed (bs = 0) or not (bs = 1), which involves calculating a.-Sin(0). Similarly, in regions 3 and
4, we need to calculate a-Cos(n/2—-0) and a.-Sin(w/2—-0) respectively. Thus, to decide on
unknown b; and bs, we need to calculate either Sin or Cos (but never both) and perform one
multiplication (by o). Using conventional 1/Q demodulation (given a sample in the polar

coordinates) would require calculating both Sin and Cos and performing two multiplications.
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Figure 5.7: Example Quadrant lllustrating 16-QAM Demodulation
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b3=0

The problem is then how to calculate the Cos or Sin efficiently. Employing CORDIC for

this would be power inefficient. Instead, we use a bipartite lookup table (LUT) method to obtain

approximate values of Cos or Sin for a given angle. The bipartite LUT method [48], splits the

angle’s word length into three k-bit subwords X, X1, and X,, as shown below for the 16-bit angle

example (k = 6). The value of k is chosen as to divide the angle word length into subwords of

equal length of even bits when possible.
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f f |
x0 X1 X2

Next, two functions A and B are defined as follows

A(xoyx1) = COS(xO + Z_kxl + 2—2k—1)

5.3
B(xg,x3) = —(27%x, — 272" D)sin (x, + 27%71) (5:3)

Two LUTSs are used to store pre-computed values of functions A and B. For our proposed
receiver, the maximum word length of the angle fractional part was set to 16 bits, with Xo, X; and
X, made 6-, 6-, and 4-bit long respectively. Including the sign bit, A is stored with the precision
of 20 bits, and B is stored with the precision of 8 bits, giving the overall LUT memory size of 11
Kb (20-2°*¢ + 8.25*%). It is important to note that the bipartite LUT method works well only for
0e[0,m/4]. Hence, in Fig. 5.7, if 8 > m/4, the new angle is made as 0,,.,, = /2 — 6 (with
interchanging Cos and Sin), to comply with the LUT range.

When the angle belongs to the quadrant other than the one shown in Fig. 5.7, the
demodulation process follows the same steps as discussed above: two bits will be determined by
the quadrant itself (see Fig. 5.8), while the others will be decided on by analysing four regions of

interest, after transforming the angle according to Eq. (5.4).

|6] for 6

IA
STREINST R

(5.4)

Onew =

m— 18] for 6 >—
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Figure 5.8: General Case of 16-QAM Demodulation



56

5.3.3.  64-QAM Demodulation

In the case of the 64-QAM demodulation, we need to convert the angle and the magnitude into
the Cartesian form, which involves calculating both Cos and Sin and performing two
multiplications. Our proposed receiver employs the same LUT-based method as in the 16-QAM
case to approximate Cos and Sin. To maintain the angle within the range from 0 to n/4, each
quadrant is divided into two regions, as shown in Fig. 5.9. The in-phase (X) and quadrature (Y)

are calculated according to Eq. (5.5) and (5.6):

a - cos(]|8]) for|6] Sz
X = 2 (55
a - sin(m — |6]) for|6] >Z
T
a - sin(|0]) for|6] <—
Y = 4 (56)

s
a - cos(m — |0]) for |6] >Z
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Figure 5.9: 64-QAM Demodulation

Note that our proposed 64-QAM demodulation performs a full polar-to-Cartesian

conversion, but does not use CORDIC. Since 16-QAM demodulation already uses the LUTS,

they are simply re-used for 64-QAM as well. Instead of one LUT lookup and one multiplication
in the case of 16-QAM (used for 24 and 36 Mbps), there will be two LUT lookups and two
multiplications performed in the case of 64-QAM (used for 48 and 54 Mbps), i.e., the

demodulator’s computational effort will scale according to the data rate.
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5.4. Design Summary

The overall proposed design is presented in Fig. 5.10, will be contrasted with the frequency-
domain part of the reference (conventional) receiver shown in Fig. 4.2. It can be seen that at the
cost of placing a CORDIC at the beginning (immediately after FFT) leads to substantial gains in
the subsequent stages where CORDIC usage is reduced or eliminated altogether, while some

operations (such as complex multiplication in the channel equalizer) are simplified.

FFT

[ Channel Estimator \ ( Equalizer \
I Q _«a

(preamble)

CORDIC
Angle —_
(ALL)

|—> CORDIC >
A2 4 Division 1

Y W

Phase Tracking
|—> @ LuT

8 : 1

Demodulator

Figure 5.10: Overall Proposed Design in Frequency Domain

Table 5-1 presents the overall operations being used in both Cartesian and Polar receiver
designs. The total number of times each type of operation is used is presented with
Ny indicating the number OFDM symbols per packet. In terms of multiplication operations,
the Polar system gives around 75% savings for BPSK and QPSK Modulations, around 57%
savings for 16-QAM and around 40% savings for 64-QAM. In terms of CORDIC operation use,
the Polar system gives around 10% savings for all data rates. It is also seen that there is an
increase in the number of addition operations, however, addition operations are less

computationally expensive than multiplication and CORDIC operations.
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Table 5-1: Operations Summary

Operation Type | Cartesian | Polar BPSK/QPSK | Polar 16-QAM | Polar 64-QAM

LUT Access 0 0 48Ngy 96Ny
Multiplication 128+260Nsy (~75% less) (~57% less) (~40% less)
Addition 128+128Ngy )y, | 64+180Ngy 64+180Ngy 64+228Ngy
CORDIC 104+58NSYM 52NSYM 52+52NSYM 52+52NSYM

As mentioned earlier in this chapter, working with the polar coordinates facilitates
scalability of the receiver computational effort in relation to the data rate requirements. For the
data rates of 6, 9, 12, and 18 Mbps (using BPSK and QPSK) the M-stream (sample magnitudes)
can be completely shut down, as only the A-stream (sample angles) is needed. For the data rates
of 24 and 36 Mbps (using 16-QAM), the receiver must increase its computational effort by
processing the M-stream, and for each sample to be demodulated, it must perform one LUT read
and one multiplication. For the data rates of 48 and 54 Mbps (using 64-QAM), the receiver must
increase its computational effort again: for each sample to be demodulated, it must now perform

two LUT reads and two multiplications.

One block that benefits the most from using the polar coordinates is the phase tracker. It
no longer requires one CORDIC to estimate the phase offset and the other CORDIC to rotate the
data samples accordingly. These operations are reduced to simple subtractions and additions of
the A-stream numbers. Another added benefit is that any fixed-point approximation errors
arising during phase offset estimation from the A-stream do not propagate into the M-stream. In
fact, the fixed-point word length for these two streams may be different. In the case of the
Cartesian I-stream and Q-stream, both are used to estimate the phase offset, and both are affected

by the subsequent rotation.
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There are two disadvantages of using the polar coordinates, however. First, the additive
noise in the Cartesian I-stream and Q-stream becomes nonlinearly embedded noise within the
polar M-stream and A-stream. Nevertheless, as we show in the next chapter, the receiver
performance is not seriously affected. Second, as we do not perform a full polar-to-Cartesian
conversion during BPSK, QPSK and 16-QAM demodulation, the use of a soft-decision Viterbi
decoder [31] is not possible. Such decoder typically offers a 3-dB gain over hard decoders, but it
is more computationally expensive needing more hardware than its classic hard-decision variant.
Our proposed receiver uses a hard-input Viterbi decoder. Nevertheless, in the case of 64-QAM,
our receiver does not prevent the choice of performing soft-decision decoding, and this is
arguably the case where the data bits are most vulnerable to errors and soft-decision decoding is
most valuable (in comparison to the cases of BPSK, QPSK, and 16-QAM).
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Chapter 6: Performance Analysis

This chapter presents simulation results used to evaluate our proposed receiver design and also
describes our methodology for evaluating design decisions pertaining to fixed-point word
precisions at different data rates. Our MATLAB simulation setup is documented in Appendix C.
The results presented here include the receiver FER/BER performance at the minimum 802.11a-
specified data rate of 6 Mbps and at the maximum 802.11a-specified data rate of 54 Mbps. The
BER and FER are performance metrics that are typically used when evaluating communication
systems. BER is defined as the measured probability of having a received data bit in error while

FER is the measured probability of having a received frame (or packet) in error.

The reported simulation tests demonstrate several important points. First, we show that
our reference receiver from Chapter 4 is valid, by comparing its performance (see Fig. 6.1) to the
performance of reference designs reported in published literature. Second, we show that
performance of our proposed polar receiver using floating point arithmetic matches that of the
Cartesian reference receiver, thus demonstrating that the use of polar coordinates instead of
Cartesian does not inherently hinder the receiver’s performance. Third, we show that the
floating-point performance of our polar receiver can be matched with fixed-point computations
(involving CORDIC when needed) and that the required fixed-point precision must be greater for
higher data rates, thus demonstrating the possibility of scaling the receiver computational effort
depending on the data rate requirements. Finally, we show how to evaluate the design
recommendations regarding the fixed-point precision, by explicitly stating our time-saving

evaluation procedure for our design decisions.
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6.1. Proposed Receiver vs. Reference Receiver vs. Published Works

Before we start comparing our proposed receiver against the conventional reference receiver, we
need to be sure that our reference receiver is correct. This is done by comparing the FER
performance of our receiver with reported performance of other receivers in the literature.
Unfortunately, none of the studied papers that deal with 802.11a-compiant receivers reports
performance evaluations of a complete implementation. The works dealing primarily with the
receiver hardware [39-44] discuss hardware costs (e.g., number of gates and flip-flops) with no
mention of BER/FER curves. On the other hand, the works dealing primarily with the receiver
theory [22-28] discuss BER/FER curves in relation to only some specific block(s), assuming
ideal performance of the others. Our reference receiver includes implementation of the entire
802.11a receiver including synchronization, channel estimation/equalization, and phase tracking,
thus capturing all non-ideal behaviours arising in practice during receiver signal processing.
Consequently, it is expected that the BER/FER curves produced by our reference receiver will be

slightly worse that those published in the literature.

The analysis in [24] and [26], used a similar simulation setup in terms of channel model
as well as packet format. [24] reports performance curves for the data rates of 12Mb/s and 48
Mb/s, while [26] reports those for 6Mb/s and 54Mb/s. Fig. 6.1 compares the FER curves
produced by our reference receiver with those reproduced from [24] and [26]. One can see that
the performance curves for the proposed receiver are shifted to the right by 2-4 dB in relation to
the published curves, while the slopes in both cases are essentially the same. The slopes of the
curves represent how well a system handles certain environments at different SNR values. If the
slopes differ this would indicate a different test environment or different coding performance.
For this reason, slope similarities are the most important indicator that our reference receiver is
valid. The ~3dB shift can be due to the likely use of the soft-decision decoder and the
assumption of ideal synchronization and/or channel estimation in the previously published

results.
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Next, we want to compare the reference (Cartesian) receiver’s performance to that of our

proposed (polar) receiver using only floating-point calculations. The corresponding FER curves

are shown in Fig. 6.2, which demonstrates that the use of polar coordinates provides nearly

identical performance to the use of Cartesian coordinates.
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6.2. Fixed-Point Test Methodology

When preparing the test environment in MATLAB it became apparent that running fixed-
point simulations required considerably more time than floating-point simulations (days vs.
hours). The use of C-MEX files and multi-core execution parallelization was beneficial in
reducing the simulation time, but still insufficient to yield simulation runs of reasonable length.
For each data rate, we needed to simulate several fixed-point precision settings. For each
precision setting, we needed to simulate several SNR values to obtain the FER performance
curves. For each SNR value, we needed to process 10,000 channel instances to have a good
statistical average. We let the limiting FER value to be 0.01, which corresponds to detecting at

least 100 (among 10,000) cases where a frame is in error.

Before presenting our design methodology that avoids long simulation times when
searching for appropriate fixed-point precision setting, we introduce the following quantities of

interest:
e Nsnr — the number of random samples taken per given (mean) SNR value;

®  Nmutipath — the number of independent random channel instances generated as per the

given channel model (see Appendix C);
® Npag — the number of “bad” channel samples considered;
® Ngood — the number of “good” channel samples considered;
e FERyimit —the limiting (smallest) FER value under consideration;

e SNRjimit — the smallest simulated SNR value at which FER < FER|imit;
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During our floating-point simulations, we set Nsnr = 1 and Npuiipath = 10,000, which
yields NsnrxNmuiipath = 10,000 runs per (mean) SNR value. Averaging these 10,000 cases gives
us one point on a FER curve. Increasing Nsyg Will increase the simulation time, but the effect on
the performance curves will be miniscule: it is the channel instance randomness per simulated
multipath model (not SNR randomness per simulated mean value) that determines the BER
performance. Setting Nmuripath = 10,000 provides a sufficient coverage of the channel sampling
space, and decreasing Nmuripath Would compromise the reliability of the performance curves in

our case, especially near our FER)jmi = 0.01.

While evaluating various fixed-point design decisions, simulations need to be of short
duration to explore as many design alternatives as possible within a limited design time frame.
One way to reduce the simulation time, while maintaining the validity of the performance-related
conclusions, is to first run a number of short simulations to narrow down the required fixed-point
word lengths. Once the word lengths of interest are identified the longer, 10,000 channel
simulation can be run. The 5-step procedure described below shows the procedure used to
identify the fixed point word length using shorter simulation runs.

Step 1: We start with performing simulations with floating-point arithmetic, setting Nsnr
=1 and Nmyripath = 10,000, to obtain the mean floating-point FER curve for a specific data rate
for each mean SNR level. From this curve, we find SNRjinit, i.€., the lowest simulated SNR value
at which the mean FER drops below FER)imi: = 0.01. For example, SNRjinit is 15 dB for 6 Mbps
and 39 dB for 54 Mbps as seen in Fig. 6.2.

Step 2: From the 10,000 channel instances, two groups of channels are classified: “bad”
channels corresponding to the Npaq Worst performing channels in terms of FER, while “good”
channels corresponding to the Ngooq best performing channels in terms of FER. We set Npag =
Ngood = 100, or 1% of all Nmuitipath-
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To identify the “bad” channels, a search procedure is used to find the channel instances
that produce the worst FER performance curves. This is done by first noting the FER values for
each generated channel instance at SNRjimi: . The Npag channels with the worst FER values at
SNRyimitare chosen. If the number of channel instances with non-zero FER values, denoted as
Ntemp, 8t SNRiimit IS less than Npag, the remaining channels are identified by removing the collected
Neemp Channels from the Npuitipath Channel pool (Nmuripath—Ntemp) and repeating the procedure for
the previous SNR value. If a case arises where more than Npaq channel instances have similar
FER values, these channels are stored and compared with each other at a lower SNR value, the
channels with worse FER values at this lower SNR value are selected. This is repeated until
exactly Npag worst channels are found. For the “good” channels, the procedure used is similar to
the “bad” channel case but instead of looking for the worst performing FER curves, the best
performing curves are identified. We evaluate our system using the identified "good" and "bad"

channel instances exclusively, i.e., the multipath model is no longer randomly generated.

Step 3: We take the Npaq “bad” channel instances, set Nsnr = 100, and repeat the
floating-point simulations. We now consider each “bad” channel instance individually and, for
each simulated SNR value, we average over Nsyg' cases to obtain one FER points. Thus, we re-
generate the Npaq individual FER curves but with more precision. Note that the only source of
randomness now is the AWGN at each SNR sampling (per given mean value). Among these
new FER curves we pick the one with the greatest number of frames in error at SNRjimit. We
designate the corresponding “bad” channel instance as the “worst-channel case”. We also repeat
this step for our Ngooq “good” channel instances, in order to identify the “best-channel case” with
the least number of frames in error. All of our subsequent fixed-point simulations will be limited

to these two channel instances.
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Step 4: Our design objective is to decide on the number of bits for the integer part and
the fractional part in the fixed-point format, such that the resulting fixed-point performance
closely matches the floating-point performance up to SNRyimir. We evaluate each design decision
for the channel instance identified as being the worst in Step 3. A FER curve is generated for a
simulated receiver using fixed-point arithmetic, where 100 independent simulation runs are
generated for each SNR point for the identified channel instance. This curve is then compared
with the floating-point worst-channel FER curve obtained in Step 3. The fixed-point simulations
are run with different numbers of fixed-point bits. This is to identify the lowest number of fixed-
point bits denoted as Sy, needed to generate a FER curve closely matching that of the floating
point curve for SNR values up to SNRyimit. We repeat this process for the best-channel case as
well, thus obtaining an alternative fixed-point setting, denoted by S,.. The difference between
Swe and Spc gives us the precision range for the data rate under investigation, which can serve as

an empirical measure on how potentially pessimistic a design using Sy bits is.

Step 5: To ensure that the average-case fixed-point performance closely matches the
average-case floating-point performance for SNR up to SNRjimit, Verification simulations are
performed. A total of Npuiipath = 10,000 independent channel instances are generated and the
fixed-point receiver using Sy bits is simulated. Since, S, bits is sufficient for the worst case
channel, it is expected that the S, word length is also sufficient for the average 10,000 channel
case without degradation in the overall FER performance (compared to floating-point). We
repeat such simulations with the fixed-point setting Sy as well. Since, Sy bits are only good for a
best case scenario channel, it is expected that Sy word length not be sufficient for the10,000
channel pool which contains worse channel instances. Hence, a degradation in the overall 10,000
channel average FER performance (compared to floating-point) is expected.
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Our 5-step procedure described above is much faster than performing average-case fixed-
point simulations for all fixed-point design choices under evaluation. Let Ts.,rand Ty denote,
respectively, the floating-point and fixed-point simulation times per SNR value (i.e., for one
point on the FER curve). Also, let Ngesign denote the number of design choices to be evaluated,
and Negr denote the number of FER curve points simulated, up to SNRjimit. Then, the usual

average-case-based approach will yield the following simulation time:

T= Tfl-thNFERXNSNRXNmuItipath + Ndesianfo-ptxNFERXNSNRXNmuItipath
T= (10,000) XNFer ><(Tfl-pt + Ndesianfo-pt)-
Our 5-step approach, however, will yield

T = T-ptXNeerXNsnrXNmuttipath + Tai-pXNeerxNsnr X (Nbag+Ngood) +

Ndesianfo-thNFERXNSNR*X(]—"']-) + 2><fo-thNFERXNSNRXNmuItipath
T* = 30,000XTf|_thNFER + (ZOOXNdesign+20a000)Xfo-thNFER-

Thus, we require additional 20,000 fast floating-point simulation runs, but we eliminate
(9,800%Ngesign—20,000) slow fixed-point simulation runs. Clearly, Ngesign must be at least 3, and if
Ngesign = 5, our approach is guaranteed to be much faster, even if Te.p = Trp, (i.€., even if fixed-

point simulations become as fast as floating-point simulations).

The results of applying our 5-step procedure are presented in the next section. Note that
for FERimit Will have the corresponding BERinit, and any design decisions can be based on the
fixed-point vs. floating-point BER performance comparisons, which would offer a more detailed

picture.
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6.3. Proposed Receiver Performance with Fixed-Point Computations

In this section, we present the fixed-point performance of our proposed polar receiver for the
data rates of 6,12,24 and 54 Mbps. For each data rate, we show the BER and FER curves
averaged over all channel instances with the two fixed-point precision settings: one found from
the worst-channel analysis, and the other found from the best-channel analysis. We also show
the BER curves for the worst channel and the best channel for multiple choices of the fixed-point
precision, to justify the settings used for generating our aforementioned average BER/FER

curves.

The curve labels are in the format TD:U/V—FD:X/Y, where TD:U/V means that in the
time-domain each number has the U-bit integer part and V-bit fractional part, FD:X/Y means that
in the frequency-domain each number has the X-bit integer part and Y-bit fractional part. All
fixed-point performance curves are accompanied by the corresponding floating-point
performance curves. Our objective was to match the latter as closely as possible. A final note is
that in all cases the FFT (between TD and FD) word length was kept constant at 24 bits (5
integer part bits, 19 fractional part bits) to avoid any precision loss and overflow within FFT

interior calculations.
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6.3.1. Performance at 6 Mbps (BPSK)

Fig. 6.3 shows the fixed-point performance for the best-channel case at 6 Mbps. The required
time-domain word length is 14 bits, with the 5-bit integer part and the 9-bit fractional part. The
required frequency-domain word length, however, is only 9 bits, with the 5-bit integer part and
the 4-bit fractional part. Removing another bit from the word length would significantly degrade
the performance, as indicated in Fig. 6.3.

On the other hand, Fig. 6.4 shows the fixed-point performance for the worst-channel case
at 6 Mbps. The required time-domain and frequency-domain word length is 15 bits, with the 5-
bit integer part and the 10-bit fractional part. Removing another bit from the word length would
slightly degrade the performance, while adding another bit to the word length would not yield

any performance improvements, as indicated in Fig. 6.4.
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Figure 6.4: 6 Mbps Worst-Channel Case

Our final choice for the fixed-point setting is 5 bits for the integer part and 10 bits for the
fractional part, in both the time and the frequency domains. The average-case performance (over
all 10,000 channel instances) is shown in Fig. 6.5 (FER) and Fig. 6.6 (BER). The BER curve
indicates that our fixed-point setting, based on the worst channel, results in a performance very
close to the average-case floating-point performance. The alternative setting based on the best-
channel, saving 1 bit in the time domain and 6 bits in the frequency domain, does not work well,
but interestingly, this can be seen only from the BER curve in Fig. 6.6 (both settings show very
similar FER curves in Fig. 6.5). If we let the FER be the only performance measure, then the
best-channel setting is also acceptable, which suggests that at such a relatively low data rate
(with the associated relatively low SNR), the frame recovery is not very sensitive to the
quantization noise. As we will see later in the thesis, the higher SNR needed for the higher data

rate makes the level of quantization noise more critical for good receiver performance.
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6.3.2. Performance at 12 Mbps (QPSK)

Fig. 6.7 shows the fixed-point performance for the best-channel case at 12 Mbps. The required
time-domain word length is 14 bits, with the 5-bit integer part and the 9-bit fractional part. The
required frequency-domain word length, however, is only 10 bits, with the 5-bit integer part and
the 5-bit fractional part. Removing another bit from the word lengths slightly degrades the
performance, while adding another bit to the word lengths does not yield any performance

improvements, as indicated in Fig. 6.7.

Fig. 6.8 shows the fixed-point performance for the worst-channel case at 12 Mbps. The
required time-domain and frequency-domain word length is 16 bits, with the 5-bit integer part
and the 11-bit fractional part. Reducing another bit from the word lengths slightly degrades the
performance. For a more accurate picture, both the 16 bit and 15 bit cases were simulated later

using all 10,000 channel instances as shown in Fig. 6.9 and 6.10.
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Based on our investigations the final choice for the fixed-point setting is 5 bits for the
integer part and 11 bits for the fractional part, in both the time and the frequency domains, based
on the worst channel. The average-case performance (over all 10,000 channel instances) is
shown in Fig. 6.9 (FER) and Fig. 6.10 (BER). The BER curve indicates that our fixed-point
setting, based on the worst channel, results in a performance very close to the average-case
floating-point performance. The alternative setting based on the best-channel, saving 5 bits in the
frequency domain, does not work well, as expected. On the other hand, adding an extra bit to the
world length does not improve performance appreciably. If we restrict our attention only to the
SNR value at which FER drops below 0.1 (standard-specified threshold), then the difference

between the best-channel and worst-channel settings is negligible.
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6.3.3. Performance at 24 Mbps (16-QAM)

Fig. 6.11 shows the fixed-point performance for the best-channel case at 24 Mbps. The required
time-domain and frequency-domain word length is 14 bits, with the 5-bit integer part and the 9-

bit fractional part. Removing another bit from the word lengths degrades the performance.

Fig. 6.12 shows the fixed-point performance for the worst-channel case at 24 Mbps. The
required time-domain and frequency-domain word length is 16 bits, with the 5-bit integer part
and the 11-bit fractional part. Reducing another bit from the word lengths slightly degrades the
performance. For a more accurate picture, both the 16 bit and 15 bit cases were simulated later

using all 10,000 channel instances as shown in Fig. 6.13 and 6.14.
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Based on our investigations the final choice for the fixed-point setting is 5 bits for the
integer part and 11 bits for the fractional part, in both the time and the frequency domains, based
on the worst channel. The average-case performance (over all 10,000 channel instances) is
shown in Fig. 6.13 (FER) and Fig. 6.14 (BER). Both the FER and BER curves indicate that this
fixed-point setting results in the performance very close to the average-case floating-point
performance. The alternative setting based on the best-channel, 2 bits in the frequency domain,
does not work well, as expected. On the other hand, adding an extra bit to the world length does
not improve performance appreciably. If we restrict our attention only to the SNR value at
which FER drops below 0.1 (standard-specified threshold), then the difference between the best-
channel and worst-channel settings is ~1 dB (~19 dB vs. ~20 dB). Whether such a difference is

tolerable (i.e., the best-channel setting is acceptable) would depend on the user requirements.
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6.3.4. Performance at 54 Mbps (64-QAM)

Fig. 6.15 shows the fixed-point performance for the best-channel case at 54 Mbps. The required
time-domain word length is 16 bits, with the 5-bit integer part and the 11-bit fractional part. The
required frequency-domain binary word structure used for computation is the same. Removing
another bit from these fractional and integer part lengths significantly degrades the performance,
while adding another bit to the word length does not yield any performance improvements, as
indicated in Fig. 6.15.

Fig. 6.16 shows the fixed-point performance for the worst-channel case at 54 Mbps. The
required time-domain and frequency-domain word length is 20 bits, with the 6-bit integer part
and the 14-bit fractional part. Reducing the set bit lengths significantly degrades the
performance, while adding another bit to the word length does not yield any performance

improvements, as indicated in Fig. 6.16.
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Based on our investigations the final choice for the fixed-point setting is 6 bits for the
integer part and 14 bits for the fractional part, in both the time and the frequency domains, based
on the worst channel. The average-case performance (over all 10,000 channel instances) is
shown in Fig. 6.17 (FER) and Fig. 6.18 (BER). Both the FER and BER curves indicate that this
fixed-point setting results in the performance very close to the average-case floating-point
performance. The alternative setting based on the best-channel, saving 1 bit in the time domain
and 3 bits in the frequency domain, does not work well, as expected. On the other hand, adding
an extra bit to the world length does not improve performance appreciably. If we restrict our
attention only to the SNR value at which FER drops below 0.1 (standard-specified threshold),
then the difference between the best-channel and worst-channel settings is ~1 dB (~31 dB vs.
~32 dB). Whether such a difference is tolerable (i.e., the best-channel setting is acceptable)

would depend on the user requirements.
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6.4. Cartesian System Performance with Fixed-Point Computations

Tests similar to those presented in 6.3 were also conducted for the reference Cartesian system.
The results indicated that in most cases, Cartesian system required the same number of bits as the
Polar system. However, an interesting note was that under best channel conditions and at a data
rate of 6Mbs, Cartesian system required 8 bits in the fractional part which is double what was

needed in the Polar system.

Further investigation identified that the reason Cartesian required more bits was the
division operation performed in the channel estimator. The results of the division are too small
for the CORDIC to generate with the few bits provided, causing zero values as output. Due to
these zero values, the BPSK demodulator is not be able to identify the correct constellation
symbol. For the polar system, the division operation is not performed on the phase stream and
hence this problem does not occur. The demodulated symbols in both Polar and Cartesian case
are presented in Fig. 6.11 and Fig 6.12 respectively. Fig 6.13 shows the Demodulated Symbols

for the Cartesian system when 8 bits are used for the fractional part.
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6.5. Summary

Tables 6-1 through 6-4 summarize the number of bits required by our polar receiver in the
frequency domain, to adequately match the floating-point performance for the best-channel and

the worst-channel cases.

Table 6-1: Fixed-Point Settings (Frequency Domain) for the Polar Receiver at 6 Mbps

System | Channel Bits needed for Amplitude | Bits needed for phase

6Mb/s | Good channel 0 9 bits (5/4)
Bad channel 0 15 bits (5/10)
Overall Average 0 15 bits (5/10)

Table 6-2: Fixed-Point Settings (Frequency Domain) for the Polar Receiver at 12 Mbps

System | Channel Bits needed for Amplitude | Bits needed for phase
12Mb/s | Good channel 0 10 bits (5/5)

Bad channel 0 16 bits (5/11)

Overall Average 0 16 bits (5/11)
Table 6-3: Fixed-Point Settings (Frequency Domain) for the Polar Receiver at 24 Mbps
System | Channel Bits needed for Amplitude | Bits needed for phase
24Mb/s | Good channel 14 bits (5/9) 14 bits (5/9)

Bad channel 16 bits (5/11) 16 bits (5/11)

Overall Average 16 bits (5/11) 16 bits (5/11)
Table 6-4: Fixed-Point Settings (Frequency Domain) for the Polar Receiver at 54 Mbps
System | Channel Bits needed for Amplitude | Bits needed for phase
54Mb/s | Good channel 16 bits (5/11) 16 bits (5/11)

Bad channel 20 bits (6/14) 20 bits (6/14)

Overall Average 20 bits (6/14) 20 bits (6/14)
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These tables clearly expose the potential for computational effort scalability of our
proposed receiver with respect to the data rate requirements. We have already mentioned in the
previous chapter that at 6 -Mbps and 12-Mbps, one processing stream (sample magnitudes) can
be completely shut down. It was interesting to note that for data rates ranging between 6-Mbps
and 24-Mbps a word length of 16 bits is sufficient. Additionally, the fixed-point precision can be
reduced by 20% in comparison to the setting for the 54-Mbps data rate (16 bits vs. 20 bits). This
reduces not only the amount of switching in the receiver hardware (thus, reducing dynamic
power consumption), but also the number of word-length-dependent CORDIC iterations (thus,

reducing the processing latency).

A possible data-rate-scalable implementation scenario would be as follows. By default
the receiver is configured to work with the 16-bit fixed-point precision. Once a frame is detected
and synchronized, the receiver processes the first OFDM symbol, which is the SIGNAL header
carrying the data rate information. After the frame’s data rate becomes known, the receiver
switches to the data-rate-specific precision (e.g., 20 bits for 54 Mbps). Such precision settings
would be stored in an 8-byte ROM, for example, with each byte encoding the lengths of the

integer and fractional parts for one of the eight 802.11a data rates.

It is important to note that there is still room for improvement. In the results provided, the
fixed point word lengths chosen are what are required by the system as a whole (from FFT
output to demodulator). Individual blocks such as the channel estimator & phase compensator
may require different precision from one another hence further investigation is possible. Another
improvement possibility is to set the word lengths separately for both phase and amplitude since

they go through different streams.

As a final remark, we note that the precision range is significant, from 9 bits (the best
channel at 6 Mbps) to 20 bits (the worst channel at 54 Mbps), which invites further
investigations into appropriate precision adjustments based on not only the data rate, but also the
channel condition (some limited initial attempts were reported in [47]). The precision-related
decisions in such cases would involve assessing the channel estimation information. As reported
in the previous section, for a given data rate, the difference between the best-channel and the

worst-channel settings is 0-1 bit in the time domain and 2-6 bits in the frequency domain.
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Chapter 7: Concluding Remarks

We have studied implementation-related issues in OFDM-based digital receivers, using the IEEE
802.11a WLAN standard as a specific wireless technology. Our first objective was to
demonstrate the possibility of scaling the receiver computational complexity in relation to
variable data rate requirements (ranging from 6 to 54 Mbps). During our fixed-point simulation
studies, we found that simulations times were prohibitively long. Our second objective was to
find a faster way of evaluating various fixed-point precision alternatives. Section 7.1 of this
chapter summarizes how and to what extent our objectives have been met, while Section 7.2

discusses the limitations of this work and outlines some of the future research efforts needed.

7.1. Summary of Contributions

Our first contribution is the design and analysis of the receiver working in polar coordinates in
the frequency domain, as opposed to the conventional Cartesian approach. Using polar
coordinates facilitates computational scalability in relation to the data rate requirements. For the
data rates of 6, 9, 12, and 18 Mbps, demodulation can be done using only the sample angles, i.e.,
the hardware that processes sample magnitudes can be completely shut down. For the data rates
of 24 and 36 Mbps, the receiver must process sample magnitudes, and for each sample to be
demodulated, it must perform one LUT read and one multiplication. For the data rates of 48 and

54 Mbps, the receiver must perform an additional LUT read and an additional multiplication.

Our second contribution is the 5-step procedure (see Chapter 6) that allows for significant
reductions in the simulation time needed to evaluate multiple fixed-point precision settings. In
our studies, we would have needed to perform 10,000 simulation runs (corresponding to 10,000
random channel instances) per SNR value, for each fixed-point precision setting under
evaluation, for each data rate under investigation. Using our procedure instead, we introduced
additional 20,000 fast floating-point simulation runs, but eliminated (9,800xNgesign—20,000) slow
fixed-point simulation runs, where Ngesign 1S the number of precision settings tried. If Ngesign IS NO

less than 5, our approach is guaranteed to be much faster.
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Our third contribution is the evaluation and recommendations on the fixed-point
precision in the cases of 6 Mbps and 54 Mbps, the minimum and the maximum data rates from
802.11a. We found that using 15 bits (5 bits for the integer part, 10 bits for the fractional part),
in both the time domain and the frequency domain, was sufficient to closely match the average-
case floating-point FER/BER performance for 6 Mbps. For 12Mbps and 24Mbps a word length
of 16 bits (5 bits for the integer part, 11 bits for the fractional part) was sufficient. As for 54
Mbps, we found that using 20 bits (6 bits for the integer part, 14 bits for the fractional part), in
both the time domain and the frequency domain, was sufficient to closely match the average-case
floating-point FER/BER performance.

7.2. Future Work

The work presented in this thesis has several limitations that may motivate further research.

Some of our recommendations for future work are presented below:

e Soft Decoding: Our proposed receiver was designed and evaluated using hard decoding.
One important extension would be to introduce soft decoders, but it will require a non-
trivial generation of soft-bits using polar coordinates. Using soft decoding has the benefit
of generally improving the BER performance by 3dB.

e Phase Noise and SFO: In our studies we considered only the CFO (used in the channel
model), as it is more severe and common in WLAN propagation scenarios than other
oscillator imperfections. It would be of interest to extend and evaluate our polar receiver
with respect to the SFO and phase noise compensation.

e Channel-Dependent Precision: Our work has exposed the fixed-point precision
dependency on the data rate. We have also seen that there is a difference between the
best-channel and the worst-channel settings, i.e., the channel quality is an obvious factor
affecting the receiver performance. It may be valuable to investigate practical techniques
for channel quality estimation (including both the multipath fade and the SNR), and then

relax the worst-channel setting (i.e., switch to a lower precision) when appropriate.
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SNR Estimation: Estimation of the SNR of received signals (e.g., see [21]) can be useful
for soft-bit detection, more accurate channel estimation, and finer tuning of the fixed-
point precision setting.

Extension to 802.11n: The relatively new 802.11n standard retains many features of the
802.11a standard (for backward compatibility), but provides data rates of up to 300 Mbps
using a wider bandwidth of 40 MHz and MIMO (Multiple Input Multiple Output)
antennas. It would be of interest to adapt our polar receiver to this standard and evaluate

its error-rate performance, as well as its potential for computational scalability.
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Appendix A: Wireless Channels

There are several phenomena present in wireless channels that introduce challenges not faced in
wired communication links. The main issues experienced in wireless channels are path loss,
shadowing, Doppler shift and multipath. To design modems capable of working in a wireless
environment, different characteristics of the channel need to be understood and modelled
accurately to provide a basis for designers to work with.

A.1  Signal Model

In communication systems, all signals are modulated sinusoids that can be represented by the in-
phase (1) and quadrature (Q) components. Channels introduce random variations in the 1/Q
values, i.e., the received signal will be different from the transmitted signal. For simplicity of
analysis, mathematical models of signals use complex notation [2], as illustrated by Eq. (A.1)
showing a basic transmitted signal s(t):

s(t) = R{u(t)e/?™/et} (A1)
= R{u(t)} cos(2nf,t) — I{u(t)} sin(2xf,t) (A.2)
= s5;(t) cos(2mf.t) — 5o (t) sin(2mf,t) (A.3)

The signal u(t) is a complex envelope equivalent low-pass signal of s(t). The exponential term in
Eq. (A.1) modulates u(t) by the carrier frequency f.. From Eq.(A.3) it can be seen that u(t)
represents the 1 and Q parts of s(t) as a complex number: u(t) = s;(t) + jsq(t). Similarly, the

received signal is represented as:
r(6) = R{(u(t) * h(t))e/2™t} (A.4)

Where h(t) is the equivalent channel impulse response and (x) is the convolution operation [2].
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A.2 Path Loss

Path loss defines the amount of power lost over distance in a wireless medium. Path loss is
affected mainly by the carrier frequency’s wavelength A, antenna gain G;and signal propagation
distance d. A general representation of the effect of path loss on the received signal is given in
Eq.(A.5).

—j2md/A _
r(t) =R {%u(t}e’z"ﬁt} (A.5)

The power lost due to path loss is given by:

and (A.6)

2
Pr_ |G
P,
Eqg. (A.6) shows that the power is inversely proportional to the square of the distance. There are
many different models available for path loss depending on the scenario being investigated [2].

Path loss is mainly dealt with via different antenna designs that aim to provide better
gain. Different antenna designs provide different beam patterns and gains depending on the

needed application and the used frequency range.

A.3 Shadowing

Shadowing is a general term used to determine the effect of objects (trees, buildings, mountains,
etc.) on a signals path. Signals may be blocked, reflected or diffracted depending on the objects
materials and shapes. Shadowing can have varying effect from one area to another, and the

resulting power loss can be modelled as a log-normal distribution as in Eq.(A.7) [2].

_ & _ (10logyo Y—ypap)?
p(lp) - madew exp [ Zai)dB ’l,[) > O; (A7)

Where, = P./P., ¢ = 10/In10, uyqp is the mean of y, and Uias is the standard deviation of

w. The values of up are derived from empirical measurements or analytical models and

depend on the propagation environment (indoor, urban, forests, mountains, etc.) [2].
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A.4  Doppler Shift

Doppler shift is a phenomenon that causes a slight shift to the perceived frequencies at the
receiver. This shift is commonly called the Doppler frequency f;,. There are three parameters
that affect the Doppler frequency: the carrier frequency f., the angle between transmitter and

receiver ¢, and the velocity of the moving object v [2].

Transmitted
Sigmal

Direction
of Motion

Figure A.1: Doppler Shift[2]

Fig. A.1 shows the change of the moving receiver location with time. The change in
distance is Ad = vAtcosf /A, where At is the change in time and A=c/f_ (c is the speed of light
and £, is the carrier frequency). This change in distance affects the phase of arrival of transmitted
signals by A = 2mvAtcos8 /A. The Doppler frequency is hence given by

fo = =58 - peost (A.8)

T om At A

If the receiver is moving towards the transmitter, f;, is positive; if the receiver is moving away

from transmitter, f;, is negative [2].
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A.5 Multipath

In a typical wireless channel, the receiver receives multiple copies of the originally sent signal.
Each copy is a result of signal propagations passing through different paths, each experiencing
different path loss and shadowing effects (see Fig. A.2). At the receiver, paths add up either
constructively or destructively, depending on the phase of arrival. Path delays can also cause

Inter Symbol Interference (ISI) due to paths from previous symbols arriving at times allocated
for next signal.

Figure A.2: Multipath [2]

Fig. A.3 shows how path loss, shadowing and multipath affect the transmitted signal
power as the distance increases. It can be seen that path loss and shadowing have slow varying
effects on the channel, whereas multipath has fast varying effects. This fast varying nature of
multipath is a serious concern, as small variations in the channel can have very different
multipath effects [2].

Path Loss Alone
.......... Shadowing and Path Loss

——--——-- Multipath, Shadowing, and Path Loss

K (dB)

ey

0 Ilog (d)

Figure A.3: Effect of Path Loss, Shadowing and Multipath on Power Loss [2]
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There are two key multipath attributes — the delay spread and the coherence bandwidth —
that help determine how multipath compares to the symbol period and the signal bandwidth.
Another important factor is whether a multipath channel is stationary or changing with time.
These are briefly described next.
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A5.1 Delay Spread

Each path in a multipath channel carries a copy of the transmitted signal arriving with a delay t;
from the first received path. The delay spread T, is generally defined as the maximum time
delay between the first and last received paths. Delay spread is also sometimes defined as the

time delay between the mean delay 7 and the last path delay [2].

Fig. A.4 shows an example of two types of multipath, resolvable and non-resolvable.
Two paths are resolvable if the delay between them At is greater than transmitted symbol period
Tsyn- If AT is smaller than Ty, the paths are non-resolvable and appear as a single path with
phases and amplitudes added to each other. Such addition of paths causes fading variations in the

received signal strength [2].

Pulse 1 Pulse 2 m

— Zo T (1) = 0

Figure A.4: Resolvable and Non-Resolvable Multipath [2]

At first glance one may think that resolvable paths are preferred due to their slower
variations. However, if the delay spread T, becomes greater than the transmitted symbol period
Ty the delay spread is said to be significant. A significant delay spread can lead to multipath

signals overlapping with the next transmitted symbol, causing signal distortion and ISI [2].



100

A.5.2 Coherence Bandwidth

The Coherence Bandwidth is defined as the inverse of the delay spread B, = 1/T,,. If B is
greater than the signal bandwidth (narrowband channel), the resulting fading is correlated within
the band and is hence named flat fading. On the other hand, if B, is less than the signal
bandwidth (wideband channel), the fading differs at different regions of the band and is dubbed
frequency-selective fading.

Wideband Signal
(Frequency-Selective)

Marrowband Signal _.-"'
{Flat-Fading)

Figure A.5: Coherence Bandwidth [2]

A5.3 Time Varying Channels

A multipath channel is said to be time varying (non-stationary) when the multipath environment
is changing with time. Changes in a multipath environment can be caused by the receiver moving
into an area with different multipath properties such as gains, phases and number of paths. Time
varying channels introduce random delay spreads that require sophisticated tracking at the

receiver [2].
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A54 Multipath Model

Putting it all together, a multipath channel impulse response for a time variant channel can be
modeled as follows [2]:

N(t)
h(t,t) = Z an, (e 1920 §(7 — 1,(¢)) (A.9)

n=0
where n denotes the path number, N(t) is the total number of paths at time t, «,, is the path gain,
and @,, the path phase. The latter is expressed as @, (t) = 2nf.t,(t) — @p,, Where @p,, is the
Doppler phase shift due to the Doppler frequency f;,. For time invariant channels the time index t
is a fixed value, i.e., the variables in questions are not changing in time. From Eq. (A.4) and Eq.
(A.9), the received signal with multipath can be modeled as:

N(t)
r(t) = R Z a, (e 12O (7 — 1,(¢)) | e/2™et (A.10)

n=0

The amplitudes and phases of the added paths are random variables. The path gain a can
be modeled as a Gaussian random process that depends on the path loss and shadowing of each

added path. The path phase @ is also a Gaussian random process (independent of ) that depends

on the path delays and the Doppler shift. The I and Q parts of the received signal are [2]:

N(t)

() = Z o, (£) cos @, (£) (4.11)
N(t)

ro(t) = z a,(t) sin @,,(t) (A.12)

n=1
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Since a and @ are independent Gaussian processes, the | and Q parts of the received

signal are said to be jointly Gaussian. The envelope of the received signal given by Eq. (A.13) is
Rayleigh distributed: it can be modeled as a Rayleigh process as per Eq.(A.14), where 2 is the
variance of both r; and r,, [2].

z(t) = [r(®)| = /rﬁ(t)+n§(t) (A.13)

pz(2) = %exp[—zz/Pr] = %exp[—zz/(Zaz)], z>0, (A.14)

A Rayleigh distributed envelope is an accurate model when all paths exhibit delays and
gains changing in a uniform fashion. The phase is uniformly distributed in the range (-n,x) in this
case. This holds true when no line of sight (LOS) path exists. If a LOS path is present, it would
exhibit higher power and less delay, yielding a different mean than other paths. For this reason,
the envelope of a multipath signal with LOS is more accurately modeled as a Rician process as
per Eq.(A.1.5).

Z
pz(2) = Pk

—(z%2+s?)]  zs
——|C, 720, (A4.15)

where s? represents the power of the LOS path and 242 is the average power of the non-LOS

paths. Other models, such as those based on the Nakagami distribution, can be found in [2].



103

Appendix B: IEEE 802.11a Primer

IEEE 802.11 (WiFi) is a family of standards for wireless Local Area Networks (WLAN). There
are several versions of this standard: 802.11b, 802.11g, 802.11a, and the newly released 802.11n.
This thesis focuses on the OFDM-based 802.11a standard that is well-suited for office indoor
propagation environment. It uses the 5GHz band with the bandwidth of 20 MHz, requires 64
samples per OFDM symbol (64-tap FFT/IFFT), and achieves the maximum data rate of
54Mbits/s. Table B-1 specifies the key design parameters for an IEEE 802.11a-compliant
system, while Table B-2 specifies a range of supported data rates, based on the chosen coding

and modulation schemes [6].

Table B-1: 802.11a Specifications [6]

Parameter Value
Ngp: Number of data subcartiers 48
Ngp: Number of pilot subcarriers 4

Ng1: Number of subcarmiers, total

52 (XSD + .\Cg_:)

Ap: Subcartier frequency spacing

0.3125 MHz (=20 MHz/64)

Tger: [FFT/FFT period

3.2 us (1/Ag)

Tpreanpre: PLCP preamble duration

16 ps (Tsporr + TLone)

Teieyar: Duration of the SIGNAL BPSE-OFDM symbal

40 us (TGI + TFF?)

Ter: GI duration

0.8 us (Teep/d)

Tgro: Training symbel GI duration

1.6 us (Teep/2)

Tgyg: Symbol interval

4us (Tgr + Terp)

TspopT: Shert raining sequence duration

8 us (10 x Tppp /4)

Trong: Long training sequence duration

8 L83 [TGIE +2x TH:'[J

Table B-2: 802.11a Data Rates [6]

Coded hits Coded bits Data bits
Data rate Modulati Coding rate per per OFDM per OFDM
(Mbits/s) Modwiation (R) subearrier symbol symbol
(Ngpsc! (Negps) (Npgps)
[ BPSK 12 1 43 24
9 BPSK 314 1 48 36
12 QPSK 1/2 2 26 48
18 QPSK 314 2 96 72
! 16-0AM 112 4 192 96
36 16-QAM 34 4 192 144
43 64-0AM 23 6 288 192
4 64-0AM 34 6 288 216




B.1 Frame Format

The 802.11a physical layer (PHY) is divided into two parts; Physical Layer Convergence
Procedure (PLCP) and Physical Medium Dependent (PMD) system. PLCP simplifies the
interface between the Medium Access Control (MAC) layer and the PMD. PLCP maps PHY
Service Data Units (PSDU) into appropriate frame format and then encodes the frame into
OFDM symbols for transmission. PMD deals with handling the transmission of the OFDM
symbols over the 5GHz channel [6].

[ PLCP Header I

|- =
RATE |Reserved| LENGTH |Panity | Tail | SERVICE R Tail
Abits | 1bit |12bits | 1bit | 6bits| 16 bits PSDU 6 bits |29 Bifs
T~ , | , |
- Coded/OFDM Coded/OFDM
'~ (BPsK.r=172) | (RATE is indicated in SIGNAL) |
- |- -
PLCP Preamble SIGINAL DATA

12 Symbols  |One OFDM Symbol Variable Number of OFDM Symbols

Figure B.1: 802.11a PHY [6]

Each PLCP frame has three fields: the preamble, SIGNAL, and DATA. The preamble

consists of a known repeated sequence used for synchronization and channel estimation tasks at

the receiver. More information about the Preamble is shown in section 3.1. The contents of the

SIGNAL and DATA fields are discussed next.
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B.1.1 SIGNAL Field

The SIGNAL field of the frame contains 23 bits which are encoded to form one OFDM symbol.
The bit allocations are shown in Fig. B.2, forming the RATE, R (Reserved), LENGTH, P
(Parity), and SIGNAL TAIL fields.

RATE LENGTH SIGNAL TAIL

(4 bats) (12 bats) (6 bits)
R1 R2 R3 R4| R [LSB MSB| P Fo= =0~ “0m 0= 0~ 0~
0 |l |2 |3 4 |5 |6 |? |S |9 pOlllllj PB P4 PS Pﬁ 17 18|19|20|21|22|23

Transmit Order
_—

Figure B.2: SIGNAL Field [6]

The RATE field contains 4 bits R1-R4 identifying the data rate to be used for
transmission. Based on the RATE information, other parameters — such as the coding rate,
number of data bits per OFDM symbol Npgps, number of coded bits per OFDM symbol N¢gps,

and number of coded bits per subcarrier Ngpg- — can be calculated according to Table B-3 [6]:

Table B-2: RATE Bits [6]

Rate (Mbits/s) R1-R4
6 1101
9 1111
12 0101
18 0111
24 1001
36 1011
48 0001
54 0011

The LENGTH field contains 12 bits which indicate the number of octets to be transmitted
in the PSDU. The range of octets permitted by the standard is 1-4095. The Reserved bit (R) is set
to zero by default. The Parity bit (P) is used to check the even parity of SIGNAL bits 0-16.
SIGNAL TAIL contains 6 bits set to zero to restore convolution encoder to the zero state [6].
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B.1.2 DATA Field

The DATA field carries the SERVICE, PSDU, Tail and Pad bits. The PSDU contains the
payload to be sent over the channel. The SERVICE field contains 16 bits: the first 6 bits are set
to zero to synchronize the descrambler at the receiver, and the other 10 bits are reserved for
future use (set to zero by default). The 6 Tail bits are set to zero to reset the convolution encoder

to the zero state, which helps improve the decoder's performance at the receiver [6].

Scrambler Initialization  Reserved SERVICE Bits R: Reserved
TR R R RRERERRRR

13|14

3|4|5|5 7 3|9|m|11 12 15

D|1

~

Transmit Order

-
Figure B.3: SERVICE Field [6]

Depending on the amount of data to be transmitted in the PSDU, the total number of
subcarriers needed may or may not amount to an integer number of OFDM symbols. For this
reason, Pad bits are added to ensure that the number of OFDM symbols is an integer. The
number of padding bits Npap Nneeded depends on the data rate and is calculated as follows [6]:

Neyy = Ceiling((16 + 8 X LENGTH + 6) /Nppps)
Npara = Nsym X Nppps (B.1)

NPAD = NDATA - (16 + 8 X LENGTH + 6)
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B.2 OFDM Symbols

The PLCP layer prepares the OFDM symbols as shown in Fig. B.4. After preparing the PLCP
frame, the frame is scrambled and then encoded at the 1/2 rate, followed by the puncturer that
removes certain bits to provide other coding rates of 3/4 and 2/3. Next, the data is interleaved (to
avoid burst errors) and modulated into either BPSK, or QPSK, or 16-QAM, or 64-QAM
constellations, in accordance with the coding rate (see Table B-2). The output samples from the
modulator are grouped into the sets of 48 (data subcarriers), and then 4 pilots and 12 zero
subcarriers are added to form a 64-subcarrier OFDM symbol. The IFFT takes each group of 64
subcarriers and produces 64 time-domain samples per OFDM symbol. Each symbol is then
appended with a cyclic prefix of 16 samples, so that an 80-sample time interval hosts one OFDM

symbol. The window function is applied next, and finally, the preamble is added.

PLCP Frame Scrambler Conv - Encoder Puncturer
Pilots +
IFFT Modulator Interleaver
oversample zeros

Cyclic Prefix Windowing Preamble

Figure B.4: OFDM Symbol Construction in PHY
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B.2.1 Scrambler

When transmitting data over a communication channel it is desirable not to have a long stream of
all 1's or all 0's. The scrambler helps avoid this scenario. The 802.11a standard prescribes a
length-127 frame synchronous scrambler with generator polynomial S(x) = x7 + x* + 1,
shown in Fig. B.5 [6].

D
L’)@ x8 x° ‘4—1\ x* x3 x2 x!

Data In

Descrambled
Data Out

Figure B.5: Scrambler [6]

It is important to note that (1) the SIGNAL field is not scrambled at all, (2) the scrambled
tail bits in the DATA field are overwritten with six zeros to return the convolution encoder to the

zero state, and (3) the receiver uses the same scrambler design for descrambling [6].
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B.2.2 Convolutional Encoder

For forward error correction coding, 802.11a prescribes a rate-1/2 convolutional encoder that
uses the standard g, = 1335 and g, = 1714 generator polynomials. Fig. B.6 shows the encoder

in question, where bit A is produced before bit B in the output sequence [6].

Lﬁwt Data A

Input Data

XM Data B
| I

Figure B.6: Rate 1/2 Convolutional Encoder [6]

B.2.3 Puncturer

To provide higher coding rates, the puncturer omits bits in a certain pattern at the transmitter.
This procedure reduces the number of transmitted bits therefore increasing the coding rate [6].
The puncture patterns for rate 2/3 and 3/4 are shown in Fig. B.7. For the 1/2-rate encoding, no
puncturing is performed. It is important to note that the SIGNAL symbol always uses the 1/2-rate
encoding. The 802.11a standard does not specify a required decoder; however, a Viterbi decoder

is recommended [6].



Punctured Coding (r= 3/4)
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Bit Stolen Data
(sent/recerved data)

Bit Inserted Data
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Punctured Coding (r = 2/3)

Source Data

Encoded Data
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Inserted Dummy Bit

Stolen Bit

Inserted Dummy Bit

Figure B.7: Puncturing Patterns [6]
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B.2.4 Interleaver

Interleaving is used to avoid burst errors. It is done by re-ordering the bits before transmission,
so that encoded bits are placed in different locations. If a burst error were to occur, the restored
original bit stream would have these errors scattered apart, which improves decoding
performance. In 802.11a, the block size of the interleaver is equal to the number of bits per
OFDM symbol, and the interleaving process is done by two permutations [6]. The first
permutation is given in Eq. (B.2), which is followed by the second permutation per Eq. (B.3):

i = (Ncgps/16)(k mod 16) + floor(k/16) k=0,1,..,Negps — 1 (B.2)

i

i
j=sX floor (E) + (i + Ncpps — floor (16 X )) mods i=0,1,..,Negps — 1 (B.3)

CBPS

NBPSC)
= B.4
S max( 51 (B.4)

)

where k is the index of the coded bit before the first permutation, i is the index after the first

permutation, and j is the index after the second permutation.

In the receiver, the de-interleaver performs the inverse operation, according to Eg. (B.5)

for the first permutation and Eq. (B.6) for the second permutation:
i =s % floor(j/s) + (j + Ncgps — floor(16 X j/Ncgps ))mod s ~ j=0,1,..,Negps —1  (B.5)
k =16Xi— (NCBPS - 1)fl00r(16 X i/NCBPS) i = 0,1, ""NCBPS -1 (B 6)

where j is the index of the original received bit before the first permutation, i is the index after

the first permutation, and k is the index after the second permutation [6].
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B.2.5 Modulator

After interleaving, the bits are modulated into the OFDM subcarriers. Depending on the
modulation scheme, groups of 1, 2, 4 or 6 grey-coded bits are mapped to constellations as shown
in Fig. B.8. Each constellation point is represented by a complex number representing in-phase |
and guadrature Q components of the corresponding subcarrier. At the receiver, given the | and Q
components of the received samples, the demodulator will reconstruct the modulated data bits
accordingly. To insure same average power for all subcarriers for all modulation types, the I and

Q values are normalized by the factor K,;op given in Table B-4.

Table B-3: Normalization Factor [6]

Modulation Kytop
BPSK 1
QPSK 12

16-QAM IW10
64-QAM 142
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Figure B.8: Modulation Constellations [6]
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B.2.6 Pilots and Zero Subcarriers

To help the receiver identify channel effects on the transmitted data, known pilot subcarriers are
inserted in certain locations within each OFDM symbol. In 802.11a, four pilot subcarriers are
added to the 48 data subcarriers produced by the modulator. Letting the resulting 52 subcarriers
occupy frequency bins numbered from -26 to 26, the pilots are found in positions -21, -7, 7 and
21 [6]. These pilot subcarriers are always BPSK-modulated and their reference values are
(1,1,1,-1). For each OFDM symbol, these reference values are multiplied by the PN sequence

shown below [6]:

Pp 136 = {1L11L, -1-1-1.1. -1-1-1-1, 1.1-1.1,-1-1.1.1, -1.1.1-1, 1.1.1.1, 1,1-1.1.
11-1.1, 1-1-1.1, 1.1-1.1, -1-1-1.1, -1,1-1-1, 1-1-1.1, 1.1.1.1, -1.-1.1.1.
A-11-1 1110 -1-1-11 1-1-1-1 -11-1-1, 1-1.1.1, 1.1-1.1, -1.1-1.1,
S1-1-1-1 -11-11 1-11-1, 1011 -1.1-1-1, -1.1.1.1, -1-1-1-1, -1-1-1}

At position 0, a zero (Null) subcarrier is inserted. To complete the 64-tap FFT/IFFT
window size, 11 more zero subcarriers are appended: 6 in positions -32, -31, ..., -27 and 5 zero

subcarriers in positions 27, 28, ..., 31.
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B.2.7 FFT/IFFT

The 802.11a-specified arrangement of the subcarriers at the IFFT input is shown in Fig. B.9.
Subcarriers 1 to 26 are mapped to the same numbered inputs of IFFT; subcarriers -26 to -1 are
mapped to inputs 38 to 63; the rest of the inputs are the zero (Null) subcarriers. At the receiver,
the FFT reconstructs the subcarriers in the same order and then re-arranges them in their proper

positions before demodulation.

Null ] 0O o

41 —1 1 1

o b ] 2

82 — - o

#zlclsl — 26 T 26—

N — 27 27T — . .
1\': il ' ' Time Domaimn Outputs
Null — 37 37 —

#26 —— 38 38 —

#1 — 62 62 —

#=1 — 63 63 ——

Figure B.9: 64-1FFT [6]

B.2.8 Cyclic Prefix and Windowing

In 802.114a, the cyclic prefix is taken to be 25% of the OFDM symbol. Hence, the last 16
samples of each OFDM symbol are copied to the back to form 80-sample 4-microsecond symbol
interval. Note that the maximum delay spread must not exceed 0.8 microseconds to avoid ISI.

The recommended windowing function is given by Eq. (B.7):

1 1<n<79
wrn] = wr(nTy) = {0.5 0,80 } (B.7)
0 otherwise

The first and last sample of adjacent OFDM symbols are then overlapped (added) with

neighbouring OFDM symbols to provide smooth transitions.
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Appendix C: Simulation Setup

The complete system, including data processing at both the transmitter and the receiver, was
built from scratch in MATLAB, save for a few built-in functions that will be detailed as they are
mentioned. For our system simulations two environments were prepared: floating-point and
fixed-point. The floating-point environment was prepared using a straightforward programming
of the equations describing each processing block of the transmitter, channel, and receiver. In the
fixed-point environment (receiver only), the MATLAB fixed-point library was used to perform
fixed-point arithmetic operations and the CORDIC algorithm (see Appendix C) was used to

calculate trigonometric functions.

C.1 Transceiver Model

Each block in the transmitter shown in Fig. B.4 was implemented in MATLAB to perform
the pre-channel data processing. The Convolutional Encoder and IFFT blocks used built-in
MATLAB functions, while all the other blocks were coded (as specified by the 802.11a
standard) specifically for this work. Each block in the receiver shown in Fig. 4.1 was
implemented in MATLAB to perform the post-channel data processing. The FFT and Viterbi
Decoder used built-in MATLAB functions, while all the other blocks (including CORDICs)
were coded specifically for this work. We used hard-decision Viterbi decoding with the trace-
back length of 96. Fig. C.1 shows an example illustrating the effect of having different trace-

back lengths, where 96 is identified as the best setting, with a slight improvement over 64.
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C.2 Channel Model

The simulated channel model was coded to include three effects: the CFO, Rayleigh multipath
fading and AWGN noise (see Fig. C.2). For the Rayleigh multipath , we used the built-in
MATLAB function that requires four inputs: Doppler frequency, sampling frequency, path gains,
and path delays. For the AWGN noise, we used the built-in MATLAB function as well, defining
SNR relative to the measured input signal power. We kept our channel settings in line with those
mentioned in the research literature. The indoor channel model that we simulated is from [49],
as shown in table (B-1), which is widely referenced and used in numerous papers. Assuming a
stationary environment (e.g., office WLAN), the Doppler frequency was set to zero. Our CFO
was set to 50 KHz, which is also a typical setting. More details on our simulation methodology

is provided in Chapter 6.

Table C-1: 50ns Delay Spread Multipath Channel Model (Indoor Office Environment)[49]

Path Number | Path Delay (ns) | Path Gain (dB)
1 0 0.0
2 10 -0.9
3 20 -1.7
4 30 -2.6
5 40 -3.5
6 50 -4.3
7 60 -5.2
8 70 -6.1
9 80 -6.9
10 90 -7.8
11 110 -4.7
12 140 -7.3
13 170 -9.9
14 200 -12.5
15 240 -13.7
16 290 -18.0
17 340 -22.4
18 390 -26.7
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Appendix D: CORDIC

The receiver data processing involves angle calculation, vector rotation, and division operations.
These operations are trivial to implement in hardware. In 1959, VVolder [34] presented the
Coordinate Rotation Digital Computer (CORDIC) algorithm that performs vector rotations as a
series of shift-and-add operations. The algorithm was later extended to perform linear (Cartesian)

to circular (polar) coordinate conversions, division, as well as other operations [35].

D.1 CORDIC Operation

Depending on its control configuration, CORDIC can work in one of three coordinate systems:
Linear, Circular, or Hyperbolic. CORDIC can also be set to two modes of operation: Vectoring
Mode (VM) and Rotation Mode (RM). A good survey of CORDIC configurations is presented
in [35]. For an OFDM-based receiver the hyperbolic coordinate system is not needed [36].

The CORDIC inputs are three data vectors X, Y, Z and control signals specifying the mode
(VM or RM) and the coordinate system (Linear or Circular). The general form of the CORDIC
algorithm [36] is given by:

Xip1 = X; —md;27'Y,
Y1 = Y +md27'X; (0.1)
Ziy1= Z; — dioy
sign(Z;), for RM
- {—sign(Yi), forvM

i

where i is the iteration number, d is defined depending on the mode (RM or VM), while m and

alpha are defined depending on the coordinate system:
Table D-1: CORDIC Control Parameter Values

Coordinates m a
Linear 0 27t

Circular 1 tan~1(27°)
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For CORDIC Linear functions, the output is limited to £2. For CORDIC Circular
functions, the output is limited to +7n/2, which can be extended to +r, the following pre-iteration

is added [36]:

XO = _d_1Y_1

YO = d_lX_]_
0.2
ZO - Z_1 — d_la_l, a_1 =+

_ { sign(Z_,), for RM
0~ |-sign(Y_,), forVM

When using circular coordinates, each CORDIC iteration produces a gain A, as shown in
Eqg. (C.3). As the number of iterations approaches infinity, A, approaches 1.647. To compensate
for this, the CORDIC result is multiplied by 1/1.647 = 0.607 to produce the final answer.

A, = 1_[\/1 + 22 (D.3)

Note that the step size a and the scaling factor A,, are constants that depend only on the
number of iterations. It is suggested that these values be pre-calculated and stored in a look-up

table, rather than computed when needed [36].
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D.2 CORDIC Challenges

Although the CORDIC algorithm can handle complex operations, it entails a considerable
hardware footprint and a delay overhead. In an analysis performed in [37], it was shown that in
an OFDM system, the CORDIC operations make up the most part of the receiver delay, due to

the large number of iterations performed on each data sample.

One approach to reduce timing delays is suggested in [37]: it relies on several CORDICs
working in parallel. It was found in [37] that the use of seven CORDIC processors in parallel

resulted in optimal performance and also helped reduce the required clock frequency.

Another approach is to use a variable step size for different iterations, giving rise to the
adaptive CORDIC algorithm [38]. This algorithm adaptively reduces the number of iterations
needed by using only those iteration steps that approach the result without alternating around it.
Although this study shows around 50% reduction in number of iterations, faster cycles are

needed to make future predictions of the required iterations.

Another CORDIC-related problem that needs to be addressed is the required hardware
footprint, e.g., in terms of FPGA resource usage. In [36] a compact hardware design of a variable
CORDIC is constructed to perform the operations required for OFDM (angle calculation, vector
rotation, and division). The proposed design gives a savings of 28% in terms of resource usage

and a throughput increase of 64%.



