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Wireless access in vehicular environments (vehicular communication system) 
requires a high mobility which is a challenging task in time-variant channels due 
to the Doppler shift. IEEE 802.11p is an amendment to the IEEE 
802.11 standard which is proposed for vehicular communication system and 
based on OFDM systems. Although OFDM systems can cope with ISI in multi-
path environment it fails in time variant environment due to the Doppler induced 
ICI.  

Besides Doppler shift compensation, IEEE 802.11p standard needs to be simu-
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 Usage of 4 pilots in MP algorithm 

 Implementation of one of the cutting-edge ICI reduction algorithms for com-
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Abstract

For several years, automobile makers and government agencies have sought ways to im-
prove safety on roadways and effectively manage traffic flow. As wireless communication
systems are advancing, the vision of automobiles talking to each other and to roadside units
is becoming a reality. These planned automotive wireless communication systems are known
as Intelligent Transportation Systems which envision an ad-hoc WLAN like communication
between vehicles.

High mobility in vehicular environments and the resulting physical consequences, degrade
the performance of wireless communication systems. The goal of this thesis is to bring high
mobility in vehicle-to-vehicle communication systems. First, a channel estimation scheme
based on the basic matching pursuit algorithm is implemented with several novel ideas like
limiting the search space and using the Delay-Doppler Search technique to intuitively search
for the channel parameters. These novel ideas help reduce the complexity of the estimation
algorithm. After that, the channel state information is leveraged by the equalizer to correct
the data. As a part of this thesis, equalizers like the one-tap equalizer, Linear Minimum
Mean Square Error equalizer and the Successive Interference Canceller are implemented to
equalize effects of the time-varying multipath channel. Finally, the cases of high mobility
are considered and the need for channel tracking is shown. A channel tracking scheme
based on the LS estimator is implemented.

The channel equalization schemes are implemented for the IEEE 802.11p standard which
is defined to provide wireless access in vehicular environments. The results show that the
equalizers ensure an improvement in performance for different channel conditions that can
be seen in a vehicular environment. The results of channel tracking also show a significant
improvement especially in cases of high mobility.

The channel estimation and equalization schemes compensate the effects of a time-varying
multipath channel and is a step towards bringing high mobility in vehicle-to-vehicle com-
munication systems. The implementation in GNU radio provides a platform for future
development and research in this field.
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Chapter 1

Introduction

Vehicular communication systems have recently attracted a great deal of research atten-
tion by government agencies, policy makers and automobile manufacturers. This research
is fuelled by the demand for solutions that are aimed to provide safety and non-safety ap-
plication services. In the context of safety applications, extensive studies have concluded
that 60% of roadway collisions could be avoided if the operator of the vehicle was provided
with a warning at least one and half second prior to a collision [34]. This would be possible
if the vehicles were aware of their surroundings by communicating with other vehicles in
their vicinity as described in the illustration.

Figure 1.1: Vehicular communication scenario [21].
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Chapter 1.1: Foundations

Fig. 1 shows vehicles communicating with each other constantly and exchanging infor-
mation that would help predict an impending accident. A plethora of applications have
already been envisioned to enhance the safety of vehicular travel like forward collision
warning, emergency electronic brake lights, left turn assist and blind spot warning among
others [17]. Some of the non-safety applications include toll payment, weather forecast and
route recommendation. The concept of vehicle-to-vehicle (V2V) communications is evolv-
ing and their future, is already in the works by several government agencies and automobile
manufacturers around the world.

The IEEE 802.11p standard which was introduced in 2011, addresses the challenges that
arise in wireless access in vehicular environments. It uses orthogonal frequency-division
multiplexing (OFDM) as the transmission technique. The basic concepts of OFDM and
the specifications of the IEEE 802.11p standard is given in the following sections. The
motivation for channel estimation and equalization schemes in the receiver is explained in
section 1.2. A comprehensive survey of research in the field of vehicle-to-vehicle communi-
cation systems are discussed in section 1.3. Chapter 2 will presents the problem statement
that this thesis aspires to address. The methodology to achieve high mobility in vehicle-
to-vehicle communication systems is described in chapter 3. Chapter 4 will elaborate on
the implementation details and the performance results of the various channel estimation
and equalization schemes. The conclusions from this thesis and the scope for future work
is presented in chapter 5

1.1 Foundations

In this section, some of the basic concepts of wireless communication technology and stan-
dards are explained to ensure a better understanding of this thesis. In particular, orthog-
onal frequency-division multiplexing (OFDM) which is a multi-carrier digital modulation
scheme and the IEEE 802.11p standard which standardizes V2V communication are de-
scribed.

1.1.1 Orthogonal Frequency-Division Multiplexing (OFDM)

OFDM is a form of “non-trivial” frequency-division multiplexing. While classical telecom-
munications always divides the allocated bandwidth between different applications/channels,
OFDM offers a way to split up the bandwidth of a single application. The basic idea of
OFDM is to have multiple narrowband sub-carriers instead of a single wideband carrier.
Accordingly, the allocated spectrum is divided into a number of narrowband sub-carriers
with harmonic frequencies. The use of harmonic frequencies, provides a mathematical or-
thogonality which can be exploited in a transmission scenario as the communication is free
of inter-carrier interference (ICI).
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Chapter 1.1: Foundations

An analogy comparing classical frequency-division multiplexing (FDM) with OFDM, is a
large truck carrying an entire shipment (which is FDM) compared to several small trucks
carrying small parts of the same shipment (which is OFDM). OFDM is used in the physical
layer in several well known standards like digital video broadcast (DVB), the IEEE 802.11
family and long term evolution (LTE) among others [2]. The structure of an OFDM signal
is best captured in Fig. 1.2.

Figure 1.2: OFDM Signal [20].

From the figure it can be seen that the signal is divided in both time and frequency do-
main. Division along frequency provides increase in capacity while division in time ensures
reduced inter-symbol interference (ISI) or simply, less interference to the adjacent symbols.
The guard interval is present between successive symbols, which enables echoes due to
multipath to be gathered and contribute to the signal power of the symbol. The guard
interval is made up of a cyclic prefix. Cyclic prefix is a copy of the last part of an OFDM
symbol that is appended at the beginning of the same symbol. In addition to the guard
interval/cyclic prefix, there is a guard band present between adjacent channels in the fre-
quency domain. The guard band ensures that the neighbouring channels do not interfere
with each other.

3



Chapter 1.1: Foundations

Advantages of OFDM The technique of splitting up the bandwidth among narrowband
sub-carriers in OFDM offers several advantages. Some of the benefits of using OFDM
are listed below

• Commercial wireless communication systems need to adhere to strict spectral
masks. The use of OFDM makes spectral shaping easier and more efficient to
achieve.

• OFDM is inherently robust to multipath echoes.

• It can be shown that the mathematical orthogonality among the neighbouring
sub-carriers is provided by performing an IFFT . The use of IFFT makes the
implementation cost effective.

Disadvantages of OFDM There are also a few disadvantages of OFDM. In most cases,
these can be overcome or ignored. Some of the disadvantages are listed below

• The most important aspect of an OFDM signal is the orthogonality between the
sub-carriers. In the presence of Doppler shifts, the sub-carriers are no longer
orthogonal to each other. This will result in inter-carrier interference (ICI).

• High peak-to-average-power ratio (PAPR) would require linear transmitter cir-
cuitry.

1.1.2 IEEE 802.11p standard

The IEEE 802.11 is a popular standard introduced in the year 1997 that specifies wireless
local area network (WLAN) communication. It is a collection of physical layer (PHY)
and media access control (MAC) specifications for implementing WLAN’s in the 2.4, 3.6,
5 and 60GHz frequency bands [32]. They are maintained by the IEEE 802 LAN Stan-
dards Committee which was formed in 1997. This standard provides the fundamentals of
Wi-Fi technology. Over the years, several amendments have been added to this standard
to keep up with the growing need for faster and reliable connectivity. Each amendment
adding a new capability is recognised as a new standard [3]. The IEEE 802.11p is an one
such amendment approved in late 2011. It adds wireless access in vehicular environments
(WAVE), a wireless communication system for vehicles [28] paving the way for intelligent
transport systems (ITS). The goal envisioned for ITS is a vast network of vehicles that can
communicate with each other and roadside access points to enhance the safety and quality
of road travel.

Various standardizing organisations around the globe have realized the potential for V2V
communication systems and have allocated a dedicated frequency band for the same. In
the EU, a frequency band from 5855− 5925 MHz had been allocated which is divided into
7 channels, while in the USA a 75 MHz band from 5850 − 5925 MHz is shared among 7

4
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channels and in Japan a single 10 MHz channel is allocated from 755− 765 MHz.

The physical layer of the IEEE 802.11p standard is relevant for this thesis. It is a close
adaptation of the well known IEEE 802.11a standard which in turn was targeted towards
stationary indoor environments. However, the IEEE 802.11p standard should work in a
highly mobile vehicular environment. The modifications introduced in the IEEE 802.11p
standard aspire to overcome the distortions caused by a time-varying multipath channel.
However, it is shown that these modifications do not suffice in coping with the time-variant
multipath channel present in the highly mobile vehicular environment.

The IEEE 802.11p physical layer is based on OFDM. As pointed out in section 1.1.1,
this technique transmits data on narrowband orthogonal sub-carriers, thereby improving
the efficiency of spectrum usage and the ability to cope with channel degradations due to
echoes. The structure of a typical OFDM packet as defined in the IEEE 802.11p standard
is shown in Fig. 1.3.

Figure 1.3: OFDM packet structure [41].

Each OFDM packet starts with a preamble field, which consists of a short training sequence
and a long training sequence. The purpose of the preambles is to enable the receiver to
detect the start of the frame and to obtain timing synchronisation. The short training
sequence consists of 10 short symbols, each of which has a duration of 1.6µsec. The
total duration of the short training sequence is 16µsec. The short preamble enables frame
detection and synchronisation, automatic gain control, antenna selection and provides a
coarse estimate of the channel. The long training sequence consists of two symbols each
having a duration of 6.4µsec. The long training sequence provides the parameters for the
frequency offset and phase offset correction in the receiver. In the case of a mobile vehicular
environment, the long preambles are also utilized to learn the characteristics of the channel
to perform equalization as described in section 3.2. The signalling field contains information
about the modulation scheme, code rate and other parameters required for decoding. The
data field contains variable number of data symbols. The purpose of the guard interval

5
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TGI is to overcome inter-symbol interference (ISI) caused due to multipath propagation
or echoes. Each OFDM symbol in this physical layer frame consists of 64 sub-carriers of
which 48 sub-carriers are dedicated for data, four are reserved as pilots and the remaining
are used as a guard band. The four pilots that are part of every OFDM data symbol is used
for phase-offset correction and channel tracking as shown in section 3.2.1 and section 3.4.

Comparing IEEE 802.11p and IEEE 802.11a standard Since the IEEE 802.11p is
derived from the 802.11a standard, there are a few similarities in their specification
and also some crucial differences. In the EU, a dedicated spectrum band of 70MHz
has been allotted for the IEEE 802.11p standard. This is different from the IEEE
802.11a standard which operates in the ISM band. This separate band ensures mini-
mum interference from other sources. A comparison of 802.11a and 802.11p, is shown
in Table 1.1.

Table 1.1: Comparison of PHY’s implementations in IEEE 802.11a and IEEE 802.11p[31].
Parameters IEEE 802.11a IEEE 802.11p Changes

Bit Rate(Mbps) 6, 9,12,18, 24, 36,
48, 54

3, 4.5, 6, 9, 12, 18,
24, 27

Half

Modulation Mode BPSK, QPSK,
16QAM, 64QAM

BPSK, QPSK,
16QAM, 64QAM

No Change

Bandwidth 20MHz 10MHz Half

Code rate 1/2, 2/3, 3/4 1/2, 2/3, 3/4 No Change

Number of active
sub-carriers

52 52 No Change

Symbol duration 4µsec 8µsec Double

Guard time 0.8µsec 1.6µsec Double

FFT period 3.2µsec 6.4µsec Double

Preamble duration 16µsec 32µsec Double

Sub-carrier spacing 0.3125MHz 0.15625MHz Half

The consequences of the key differences can be summarised as follows

• First, the bandwidth of the IEEE 802.11p standard is halved compared to its coun-
terpart. Since the 802.11p standard is conceived for vehicle-to-vehicle communication
involving safety critical information rather than continuous communication for home
or office usage, a bandwidth of 10MHz is adequate for the purpose.

• A consequence of reducing the bandwidth is seen on the data rate. The data rate of
802.11p, whilst under the same modulation and coding rate as 802.11a, will only get
half of its data rate. Again this is very reasonable for vehicular networks.

6
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• The sub-carrier frequency spacing fsc is the ratio of the channel bandwidth W to the
total number of sub-carriers N given by fsc = W/N . Since the number of sub-carriers
are the same in both the cases and the bandwidth in halved in the 802.11p standard,
the sub-carrier spacing in the 802.11p is halved. Thus the sub-carriers in the IEEE
802.11p standard are relatively more narrowband than its counterparts.

• The symbol duration in the IEEE 802.11p is double to that of 802.11a. A longer
symbol duration implies that the guard interval is doubled. A longer guard interval
make the symbol more resilient to multipath effects as there is more time to gather
the echoes. Thus the 802.11p standard benefits from a longer symbol duration by
being more robust to multipath.

• The preamble duration is also noticed to be doubled in 802.11p. A longer preamble
will help to gather a better estimate of the channel and will aid in better frequency
and phase offset correction in the receiver.

Thus, the enhancements made to the IEEE 802.11p standard make it more robust to
multipath propagation but at the same time it is more sensitive to Doppler shifts since the
sub-carriers are closer to each other.

1.2 Motivation

Vehicular communication systems are being researched with a goal to make the ubiquitous
road travel safer and enjoyable. The European Commission for mobility and transport has
shown that there have been 30.000 road fatalities in the year 2011. The safety application
envisioned by the use of vehicle-to-vehicle communication system will surely help reduce
the fatalities from road accidents and is the main motivation for research in the field of
vehicular communication.

The IEEE 802.11p standard is a close adaptation of the IEEE 802.11a standard which was
targeted towards stationary indoor environments. The high mobility in vehicular commu-
nication scenarios results in Doppler shift in the received signal. OFDM which is used
in the physical layer as the transmission technology is sensitive to Doppler shifts and the
changes introduced in the IEEE 802.11p standard falls short in making the transmission
robust to Doppler shifts. Thus, there is a need for additional estimation and equalization
at the receiver.

Newer technologies like the IEEE 802.11ad operate in the 60GHz domain, wherein the
Doppler shifts are more prominent. The algorithms for channel equalization must also be
reliable at these frequencies.
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In addition to being robust to multipath and Doppler shifts, the algorithms for channel
estimation and equalization need to be practical to implement. Some of the broadcast
technologies like the DVB-T have an increased number of sub-carriers and pilots. Hence
complexity is an important aspect for the equalization algorithms.

The main focus of this thesis is to bring about high mobility in vehicular systems by
equalizing the effects of Doppler shifts and multipath propagation at the receiver in a
computationally feasible manner.

1.3 Literature Survey

As in any emerging innovation, several research activities have been taking place in the
field of vehicle-to-vehicle communication. This has produced a constant flow of ideas and
techniques, hoping to eventually find the best solution to make the concept of vehicle-to-
vehicle communication a reality. Mitigating the effects of a time-varying multipath channel
is the ultimate goal of this research. In this section, relevant research in the field of vehic-
ular communication is discussed.

Choice of PHY/MAC protocol In this thesis, OFDM is used as the transmission pro-
tocol in the physical layer. However, OFDM is not unequivocally accepted as the
transmission technique. For example, in [11], the authors have formulated a wireless
token ring MAC protocol for wireless networks in unmanned aerial vehicles. This
technique is robust to single node failures but the scalability of this protocol is not
certain. A decentralised MAC protocol together with a radio resource management
scheme can be seen in [25] as another example. A survey comparing the advantages
and disadvantages of the various technologies that can be used in the PHY/MAC
layer in the context of vehicle-to-vehicle communication systems is conducted in [35].
The outcome of the survey suggest that, the only feasible option to OFDM is 3G.
However, the inherent support for distributed coordination in an ad-hoc mode makes
OFDM the preferred choice. There are several research projects that use OFDM as
the transmission technique. A cooperative collision warning system also uses OFDM
as the transmission protocol in the physical layer as seen in [37]. Moreover, the choice
of using OFDM as the physical layer technology is motivated by the fact that cellular
technologies are already reaching their capacity limit due to the high traffic in data.
Using the cellular technologies in vehicle-to-vehicle communication would only add
to the growing demand. In addition to this, a separate band of 70MHz has been
allocated in Europe for the purposes of wireless access in vehicular environments.
Due to all these factors, OFDM is chosen as the transmission technique.

8
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Channel estimation Vehicle-to-vehicle communication systems have to deal with a time-
varying multipath channel. The purpose of the channel estimation algorithm is to
learn the characteristics of the underlying channel so that data can be equalized us-
ing this information. A comprehensive survey of the channel estimation schemes is
conducted in [41], where different schemes are compared according to computational
complexity, accuracy and compatibility. The channel estimation schemes are broadly
divided into two categories. The estimation algorithms belonging to the first category
suggest a modification to the IEEE 802.11p standard. An example can be seen in [31]
where the structure of the OFDM frame is modified to accommodate a mid-amble in
addition to the preambles in the beginning of the frame. A mid-amble is a training
sequence in the middle of the physical layer frame. Channel estimation algorithms
belonging to the second category are designed to work with the frame structure as de-
fined in the IEEE 802.11p standard. Some of the notable examples belonging to this
category include Weiner filter based estimation, spectral temporal averaging (STA)
estimation, decision directed channel estimation among others as illustrated in [41].
The channel estimation schemes that are implemented in this thesis belong to the
second category.

The estimation of a time-varying multipath channel is a non-trivial problem as ex-
plained in [13]. The available algorithms for channel estimation are either too complex
or provide a coarse estimate of the channel. The least square (LS) channel estimator
is a simple estimator that is implemented in the master seminar. The LS estimator
works well in an AWGN channel but performs poorly in the time-varying multipath
channel. The matching pursuit (MP) algorithms [24] provide an accurate estimate
of the channel and is implemented with a low-complexity for the DVB-T standard
as shown in [27]. The matching pursuit algorithms have originated from the signal
representation literature where a dictionary subset is chosen interactively to find the
most compact representation of the signal. Recently, the use of the MP algorithms
for channel estimations have increased noticeably as seen in [9, 10]. However, the
matching pursuit algorithm has not yet been used in vehicle-to-vehicle communica-
tion. In this thesis, the matching pursuit algorithm is used along with some novel
ideas to provide a precise estimate of the channel in a computationally efficient way.
It is implemented in GNU radio to provide a reliable platform for future develop-
ments and to measure performance by simulation.

Channel equalization is an important step towards mitigating the effects of a time-
varying multipath channel. Channel equalization schemes can be broadly divided
into two types as follows;
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The first type of equalizers are called non-coherent equalizers. These Doppler shift
equalization schemes work without an estimate of the channel. An example of non-
coherent equalizers is seen in [36], where in Doppler diversity is used to equalize
the Doppler effects. In the same way, [40] describes a successive method for inter-
carrier interference reduction without channel estimation, but the complexity in this
method is high making it impractical to implement. Other schemes belonging to this
category assume certain channel characteristics as seen in [30, 13]. However, since a
time-varying channel is considered these assumptions do not hold true as the channel
characteristics are continuously changing.

The second type of equalizers are the coherent equalizers that need an estimate of
the channel to perform equalization. A filter bank technique to predict and offset the
Doppler shift is shown in [1], but this scheme requires the granularity of the Doppler
shifts to be known a-priori according to the channel conditions. The linear minimum
mean square error (LMMSE) equalizer solves an optimization problem by minimiz-
ing the variance of the difference between the transmitted data and the signal at the
output of the equalizer. The LMMSE equalizer produces good results even in case of
a full channel matrix. However, its solution involves a matrix inversion that might
increase the complexity of the equalization scheme. The successive interference can-
celler (SIC) and the SIC interference reduction (SICIR) equalizers are state-of-the-art
equalizers that are the outcome of recent research efforts [38]. These are intuitive in
their approach and have less complexity. These equalizers perform very well when
the channel matrix is banded. The one-tap equalizer is a simple equalizer that works
well in a AWGN channel. The LMMSE equalizer, the SIC family of equalizers and
the one-tap equalizer are implemented in this thesis.

Channel tracking The characteristics of a time-varying channel as the name suggests,
change with time. In scenarios of high Doppler shifts, the channel parameters can
vary within the physical layer frame. This motivates the need for channel tracking.
A decision-directed channel tracking along with powerful channel smoothing to avoid
wrong decisions at low and medium signal-to-noise ratio (SNR) is proposed in [7].
However, this technique will increase the complexity of the channel estimation and
equalization schemes due to the smoothing operation involved. A comparison of
the various channel tracking schemes like the comb pilot interpolation, constellation-
aware data equalization and spatial temporal averaging is given in [15]. All of these
equalization schemes uses the dynamic channel information embedded in the four
pilots to track the channel. In this thesis, a simple channel tracking algorithm based
on LS estimation followed by a block interpolation is implemented.
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1.4 Contributions

Bringing high mobility in vehicle-to-vehicle communication systems is the ultimate goal of
research efforts in this field. Channel estimation and equalization are crucial steps towards
a reliable transmission technique in vehicular communication systems. Several solutions
are proposed to compensate for the effects of the time-varying multipath channel as seen
in the literature survey. Some of these solutions are relevant in terms of performance but
are impractical due to high-complexity, while the other techniques do not perform well.
The goal is to develop schemes that exhibit good performance at a low-complexity.

In this thesis, the least squares and the basic matching pursuit algorithms are implemented
to perform the task of channel estimation. The least squares estimator is shown to work
well in a static AWGN channel, but its performance degrades in the presence of a time-
varying multipath channel. The basic matching pursuit algorithm is implemented along
with a few novel ideas. These ideas help reduce the complexity of implementation drasti-
cally while at the same time providing a good estimate of the channel. It is shown that
the matching pursuit algorithm can be coupled with any coherent channel equalization
algorithm.

To perform the task of equalization, the LMMSE and the SIC equalizers are implemented.
Both of these schemes exhibit good performance as shown in section 4. It is shown that
the LMMSE equalizer gives good results because it considers the full channel matrix unlike
the SIC equalizers that work well with banded channel matrices. The SIC equalizers pro-
posed in [38] assumes perfect channel state information (PCSI) at the receiver. In practical
situations, the PCSI is not available in the receiver. The dependency of this algorithm on
the PCSI is overcome in this thesis by employing the basic matching pursuit algorithm to
provide the channel state information to the SIC equalizers.

In cases of high Doppler shifts, the coherence time of the channel is reduced due to which
the channel can change within a physical layer frame. A simple channel tracking algorithm
based on LS interpolation has been implemented which improves performance especially
at high Doppler shifts.

In this thesis, the algorithms for channel estimation and equalization are implemented in
GNU radio which is a free and open source software development tool kit that provides
signal processing blocks to implement software radios. This provides a platform to de-
velop and implement channel equalization algorithms. These algorithms can be extensively
tested under different channel conditions by simulations. The results of these simulations
give insight into the performance of these algorithms and also indicators to improve them.
Moreover, this platform allows for real-time testing with minimal RF equipment. The im-
plementation of the channel equalization schemes in GNU radio will surely help to advance
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future research in vehicular communication systems.
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Chapter 2

Problem Formulation

The next generation wireless communication for Telematics/ITS envisions a vast network
of vehicles that can communicate with each other and roadside access points by providing
a WLAN like environment. WLAN networks use OFDM as the transmission technology
in the PHY layer due to the various inherent advantages as pointed out in section 1.1.1.
However, OFDM is predominantly used in an indoor environment like in WLAN. The in-
door channel is a slow fading channel (in other words frequency selective) due to multipath
reception and OFDM is known to be robust to such kinds of channel degradations to a
certain extent. V2V communication systems involve a very high degree of motion between
the communicating end devices which is absent in an indoor environment.

In this chapter, the concepts of multipath, Doppler shift and their effects on a communi-
cation system is mathematically described. With the understanding of these concepts, a
closer look at the IEEE 802.11p standard is taken to point out certain shortcomings and
their effect on the wireless communication between vehicles. Identification of these flaws
will present a set of challenges that this thesis will try to solve.

2.1 Channel Model

In this section, the typical channel characteristics of wireless vehicular environments is
mathematically explained. Consider a OFDM transmitter where in, an N -point Inverse
Fast Fourier Transform (IFFT) is performed on a set of message symbols to produce the
output symbols ready for transmission as x = x[0], x[1] . . . x[N−1]. In the case of the IEEE
802.11p standard N = 64. The IFFT can mathematically be proved to provide orthog-
onality among the narrowband sub-carriers. This orthogonality between the sub-carriers
prevents them from interfering with each other [18]. The transmitted symbols/packets are
affected by a channel before being received at the receiver.
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The sender and the receiver are in relative motion with each other in the context of wireless
vehicular communication. This relative motion affects the transmitted signal by introduc-
ing a Doppler shift. Basic concepts from wireless communication and Fourier theorems
show that these Doppler shifts will result in time-dependant phase shifts in the received
signal. In addition to this, multiple echoes reflected from the various obstacles will super-
impose at the receiver. Thus, in a vehicular environment, a time-variant multipath channel
is present. This is a challenging channel to model, estimate and equalize as illustrated
in [13]. To ease understanding, the effects of multipath and Doppler shift can be analysed
separately.

Multipath and Doppler shift In a transmission scenario, multipath occurs when the
electromagnetic waves reflect at obstacles and are received at the receiver. The
received signal is thus a weighted superposition of all the echoes along with the
direct path itself. The weighting factors for the mth path is ρm and if there are M
discrete multipath echoes/propagation paths, the ith sample of the received signal
derived in [19], is given as Eq. 2.1,

y[i] = ρ0x[i] + ρ1x[i− 1] + . . .+ ρMx[i−M ] + w[i] (2.1)

where, w[i] is the additive white gaussian noise (AWGN) that gets added to the signal.
The cyclic prefix in OFDM is defined as prefixing every symbol with a repetition of
the end. It helps in modelling linear convolution as circular convolution. This nice
trick is used to develop algorithms that are less complex as proposed in [27]. Due to
the presence of cyclic prefix, Eq. 2.1 can be rewritten as Eq. 2.2,

y[i] = ρ0x[(i)modN ] + ρ1x[(i− 1)modN ] + . . .+ ρMx[(i−M)modN ] + w[i] (2.2)

The weighted superposition of the multipath signals leads to frequency selectivity, but
more importantly the channel response at this stage is still time-invariant. However
in vehicular environments, the presence of Doppler shift introduces the time-variant
character of the channel. A Doppler shift is a shift in frequency due to the relative
motion of the end devices. From the Fourier theorems, this shift in frequency will
correspond to a time dependant phase shift. If the frequency shift is given by νl, the
correspondence in the time domain is shown in the Eq. 2.3,

X(f ± νl) • − ◦ x(t)e∓j2πνlt (2.3)

Thus, due to Doppler shift, the signal in the time domain is multiplied by an expo-
nential whose value is dependant on the time t. In terms of signals, this is nothing but
a time-dependant phase shift. It is this phase shift that makes the channel response
time-variant. The channel present in a vehicular environment is thus a time-varying
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multipath channel. The channel response for the mth path and the ith sample is
denoted as h[i,m] and is given by Eq. 2.4 as follows,

h[i,m] =

K−1∑
k=0

L−1∑
l=0

(U)k,le
(j2πνli)sinc

(
m− τk

Ts

)
(2.4)

here Ts is the system sampling interval, τk is the delay of the kth multipath and νl
corresponds to the lth Doppler shift component. K represents the total number of
delay bins and similarly L is the total number of Doppler shift frequencies that have
to be searched. The choice of K and L depends on the complexity and accuracy of
the estimate and is discussed in section 3.1. U is the matrix of the delay-Doppler
spreading function and comprises of elements (U)k,l = uk,l.

The channel model describes the properties of the channel seen in highly mobile vehicular
communication systems. The transmitted signal is distorted by such a channel. At the
receiver, the signal needs to be equalized to undo the effects of the channel.

2.2 Problem Definition

Wireless communication between vehicles pose a very challenging time-variant multipath
channel. Multipath due to the various obstacles and Doppler shift due to the relative mo-
tion between the end devices are the prime factors causing the time-varying nature of the
channel. The physical consequences of multipath and Doppler shift are illustrated in the
previous section to predict the challenges that have to be considered in the receiver.

The IEEE 802.11p standard for wireless access in vehicular environments defines the use of
OFDM in the physical layer. The novelty of OFDM when compared to FDM is that OFDM
allows for a certain degree of robustness to multipath. However, since the broadband sig-
nal is now divided into narrowband sub-carriers, the resulting signal is more sensitive to
Doppler shift. The IEEE 802.11p standard has introduced some measures to cope with the
effects of multipath and Doppler shift which are introduced by a time-varying multipath
channel. One such measure is the doubling of the symbol duration which makes the sys-
tem more robust to multipath by allowing longer echoes to contribute to the symbol. The
bandwidth has also been halved effectively reducing the sub-carrier spacing which would
make the OFDM system more sensitive to Doppler shifts. This motivates the need for
equalization at the receiver in order to cope with the distortion introduced by the channel.
Compensation schemes such as the one introduced in this thesis will enable high mobility
by equalizing the effects of Doppler shift and multipath at the receiver.
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Vehicular communication also requires strict timing constraints to be obeyed because the
applications to make vehicular travel safer, involve short safety critical messages to be
communicated between the vehicles. The channel estimation and equalization schemes are
the main computational bottlenecks in the receiver. A comparative study of the various
channel estimation schemes in [13, 41] highlights the complexity of these algorithms. On
the one hand these schemes have to provide a very precise estimate of the channel response
while, at the same time, being computationally cheap in order to adhere to the timing
constraints specified for the applications.

Estimation of the channel is done using the training symbols that are part of every physical
layer packet. In addition to this, there are four pilots present in every data symbol that can
by used for channel tracking. The channel estimate computed from the training symbols
will be used to equalize the rest of the data symbols in the physical layer frame. Since a
time-varying channel is considered, the channel response can, in principle change within a
frame. In such a scenario, some of the data symbols are equalized with an outdated version
of the channel response which might have consequences during decoding. To address this
issue, the four pilots within each data symbol can be used to tune the channel response
if needed. A novel method to compute the change in the channel response using the four
pilots and tune the same will be implemented as part of this thesis.

A comparison of the IEEE 802.11p standard with other standards that use OFDM in
the physical layer will reveal that the number of pilots and preambles available for channel
equalization are at least an order of magnitude fewer. As an example, the DVB-T2 standard
uses a few hundred pilots that can be adapted according to the channel requirements where
as, the IEEE 802.11p standard defines only four fixed pilots [3]. The number of pilots
will affect the learning capability and the complexity of the estimation and equalization
algorithms. A fewer number of pilots limits the capability of estimation algorithms to learn
the channel characteristics but keeps the complexity low, while a higher number of pilots
ensures a finer estimate of the channel at the cost of increased complexity.

The role of the equalizer is to use the channel parameters given by the channel estimate
and equalize the data symbols in the physical layer frame. In the master seminar, a one-
tap equalizer along with a LS estimator has been implemented for a static time-invariant
channel. As a part of this thesis, a linear minimum mean square error (LMMSE) equalizer
and another state-of-the-art equalizer is implemented for a time-varying multipath channel.
These equalizers are be explained in chapter 3.3.

The goal of this thesis is to solve the problem of a time-varying multipath channel seen in
a vehicular environment. To accomplish this task, algorithms for the estimation and equal-
ization of this challenging channel have to be developed. These algorithms should provide
a precise estimate of the channel to aid in equalization while at the same time, being com-
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putationally cheap using only the preambles and the pilots that are defined in the standard.
Ultimately, these algorithms will bring about high mobility in vehicular communication sys-
tems.
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Chapter 3

Methodology

At this point it is clear that channel estimation and equalization schemes are necessary at
the receiver in the presence of a time-varying multipath channel. Channel equalization can
be performed either by knowing the parameters of the channel (channel state information)
or without any knowledge of the channel. The former is called coherent equalization while
the latter is called non-coherent equalization. However, non-coherent equalizers assume
some of the channel statistics like the scattering functions [13]. This assumption does not
hold in the case of a non-stationary channel because the associated channel statistics are
continuously changing with time. Due to such pitfalls in non-coherent equalizers, coherent
equalizers will be studied, implemented and evaluated as part of this thesis. Coherent
equalizers have to be preceded by a channel estimator to provide an estimate of the channel
state information. The first part of this chapter describes the system model of the receiver
with an emphasis on channel estimation, the second part describes the algorithm used for
channel estimation and the last part deals with the different equalizers that can be used
in the receiver.

3.1 System Model

In this section, a conceptual model of the estimation and equalization scheme is developed
based on the behaviour of a time-varying multipath channel as described in section 2.1.
The task entrusted to the receiver is to estimate the delay and Doppler shift component
for every propagation path, m = 0 . . .M − 1, which is denoted by the channel response
h[i,m] in Eq. 3.1. This implies that the correct combination of the delay and Doppler
shift component has to be searched for every propagation path M . An accurate estimate
of these parameters is crucial to ensure a good performance of the equalizer. The system
model of the receiver is given as,
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y[i] =
M−1∑
m=0

h[i,m]x[(i−m)modN ] + w[i] (3.1)

where, x and y are the transmitted and the received signal respectively. h[i,m] denotes
the channel response for the mth path and w is the additive white noise. Substituting the
equation for the channel response h[i,m] from Eq. 2.4, the received signal is given by,

y[i] =
M−1∑
m=0

K−1∑
k=0

L−1∑
l=0

(U)k,le
(j2πνli)sinc

(
m− τk

Ts

)
x[(i−m)modN ] + w[i] (3.2)

where, K and L are the number of delay and Doppler shift bins. (U)k,l is the delay-Doppler
spreading function. τk and νl denote the kth delay and the lth Doppler shift.

One of the novel ideas employed as part of this research is to limit the search space of the
delays and Doppler shifts [27]. The general idea, is to look only for the relevant parameters
of the channel which are made known, in part by the standard itself and the application.
The target application of the equalizer will be with air as a medium, operating at a fre-
quency as fixed by the standard and for cars moving with a reasonable speed. In addition
to this, the allowed delays intuitively cannot exceed the specified guard interval. Thus,
only the kind of delays and Doppler shifts that are logically applicable to these scenarios
must be considered in the estimation and equalization algorithms.

In the IEEE 802.11p standard, a guard interval TGI of 1.6µsec is defined. From a sys-
tem’s perspective, this implies that the delays greater than the guard interval need not be
searched. Thus K is given by dTGI/∆τe, where ∆τ is the granularity of the delay that
has to be searched. The choice of the granularity is a trade-off between precision of the
estimate and the time available for the estimation. A very fine granularity of the delay will
increase the complexity of the algorithm but will also yield a precise estimate of the delay
while, a coarse granularity will converge faster to a coarse estimate of the delay. Similarly,
L is given by dνmax/∆νe, where νmax is the maximum Doppler shift to be considered for
estimation. With these constraints in place, the search space is drastically reduced enabling
a better estimate of the channel with low-complexity.

Another novel approach that is considered in this thesis is the implementation of Delay-
Doppler Search (DDS) technique as proposed in [27]. This technique aims to optimize
the search associated with the delay and Doppler shift component. The underlying idea
is to conduct the search in two directions. First the delay component is searched using
the BMP algorithm for a constant Doppler shift. Once the optimal delay has been found,
the Doppler component is searched for that delay. This technique produces some positive
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effects which will be discussed in section 3.5.

Using the DDS technique would mean that the channel characteristics (delay and Doppler
shift) can be estimated separately. Accordingly, considering only the delay components
τk, the corresponding channel matrix in the time domain is a circular matrix because the
received signal is a weighted superposition of the different echoes. This circular delay
matrix is denoted by Ck ∈ CN×N . Similarly, when only the Doppler shift component is
considered, the channel matrix in the time domain will be a diagonal matrix due to the
shifting property of Fourier transform. The diagonal Doppler shift matrix is denoted by
Λl ∈ CN×N . Thus, the channel response in Eq. 2.4 can be rewritten in the matrix form.
The channel matrix in the time domain HT is given by the equation,

HT =

K−1∑
k=0

L−1∑
l=0

(U)k,lΛlCk (3.3)

The Doppler shift matrix is diagonal in structure and it can be constructed as

Λl = diag(ej2πνlt0, ej2πνlt1, · · · , ej2πνlt(N−1)) (3.4)

The circular delay matrix has the structure given in Eq. 3.5 with every element ck,m de-
noting the kth delay for the mth propagation path and given by ck,m , sinc

(
m− τk

Ts

)
.

Ck =


ck,0 0 · · · ck,M−1 · · ·
ck,1 ck,0 · · · 0 ck,M−1

...
...

. . .
...

...
0 · · · ck,M−1 · · · ck,0

 (3.5)

These properties of the delay and Doppler shift matrix are utilized while reconstructing
the channel matrix in the equalizer. The received signal in Eq. 3.2 can be expressed in the
matrix form as

y = HTx+ w (3.6)

This is the signal at the OFDM receiver. A simplified system model of an OFDM receiver
is given in the Fig. 3.1. The first step in the receiver is the synchronisation of the OFDM
symbols. Once synchronisation is achieved, a 64-point Fast Fourier Transform (FFT) is
performed. The signal is now in the frequency domain. The long preambles are extracted
from the data and used to perform channel estimation. The channel state information
provided by the channel estimation algorithm is utilized by the equalizer to reconstruct
the channel matrix and correct the data. The equalized data is fed back to the channel
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estimator to track the changes in channel parameters for the current physical layer frame

Figure 3.1: Simplified receiver structure.

The received signal in the frequency domain is given by Eq. 3.7

Y = FHTx+W (3.7)

here, F ∈ CN×N is the DFT matrix, W is the frequency representation of the noise and
x is the original message signal in the time domain. The equation can be rewritten as
Eq. 3.8, where X is the frequency representation of the time domain signal x and FH is
the Hermitian of F .

Y = FHTF
HX +W

= HFX +W
(3.8)

In the above equation, HF = FHTF
H is the frequency representation of the channel

response. The properties of the delay and Doppler shift components can be analysed in
the frequency domain by substituting Eq. 3.3 as,

HF = FHTF
H

= F

(K−1∑
k=0

L−1∑
l=0

(U)k,lΛlCk

)
FH

=

(K−1∑
k=0

L−1∑
l=0

(U)k,l FΛlF
H︸ ︷︷ ︸

Cl

FCkF
H︸ ︷︷ ︸

Λk

)

=

(K−1∑
k=0

L−1∑
l=0

(U)k,lClΛk

)
(3.9)
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In the above equation Cl ∈ CN×N is the circular Doppler shift matrix and Λk ∈ CN×N is
the diagonal delay matrix. The resulting channel response matrix in the frequency domain,
HF still has an overall circular structure. For cases with a very small Doppler shift com-
ponent, the channel matrix can be approximated as a diagonal matrix. This assumption is
used in the SIC equalizer described in section 3.3.3. However, in the presence of substantial
Doppler shifts, the channel matrix HF is banded. In this case, Eq. 3.8 can be written in a
form that highlights the ICI caused due to Doppler shifts as,

Y [i] = (HF )i,iX[i] +
N−1∑

n=0,n 6=i
(HF )i,nX[n] +W [i] (3.10)

The second term of Eq. 3.10 are the non-diagonal elements of the channel matrix. These
terms denote the components contributing to ICI and makes the equalization at the re-
ceiver a challenging task.

Normalized Doppler shift provides a common measure to quantify the amount of Doppler
shifts in the channel irrespective of the system. The normalized Doppler shift is given as
ν/fsc. It considers the sub-carrier interference irrespective of the size of OFDM [27].

3.2 Channel Estimation

Channel estimation is a fundamental step towards equalization. The role of a channel esti-
mator is to learn the characteristics of the wireless channel by utilizing the training symbols
and the pilots that are part of every physical layer frame. There are several techniques
dedicated to channel estimation and they can be broadly classified into two categories as
explained in [24]. The first category is approximation schemes that solve a non-linear
optimization problem by minimizing the residual error. Some of the most popular algo-
rithms belonging to this category are the decision feedback equalizer [22] and adaptive echo
canceller [39] among others. The DFE algorithm is derived by optimising over the gains
first, followed by finding the optimal delays. The adaptive echo canceller uses a full-tap
adaptive filter to provide the tap locations which are then used by a set of low-order filters
to adapt the tap coefficients. The common idea in this category of algorithms is to use the
principle of Divide and Conquer. The optimization problem over the entire delay/Doppler
shift space is divided into several optimization problems with smaller parameter spaces.
The second category of algorithms choose the most dominant taps of the channel impulse
response (CIR). This would translate to finding the least dimension linear combination
of delays and Doppler shift to represent the received signal. Some examples of this cate-
gory are the basic matching pursuit (BMP) and the orthogonal matching pursuit (OMP)
algorithm [24]. Algorithms of the second category are chosen when the channel matrix is
known to be sparse while the algorithms of the first category work best when the channel
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is a full matrix.

Estimation of a time-varying channel and its compensation is a non-trivial problem; not
only because of the temporal variation of the channel parameters, but also due to the
unconstrained delays and Doppler shifts which can span several orders of magnitude. Es-
timation of such a channel will yield in an increase in complexity, forcing to make a trade
off between complexity and quality of the estimate as highlighted in section 2.2.

3.2.1 Frequency and Phase Offset Correction

Channel estimation is computed by the two long preambles that are a part of every physical
layer frame as shown in Fig. 1.3. However, before these preambles can be used, the drift
in frequency must be corrected, symbols aligned and the phase offset compensated.

Frequency Offset correction Any two crystal oscillators will not clock at the exact
same frequency. In a transmission scenario, the oscillators of the sender and receiver
are clocking at slightly different frequencies. This results in a frequency offset be-
tween the two devices. For proper OFDM reception the clocks of the transmitter and
receiver must be synchronised and thus its implicit to correct the frequency offset in
the data symbols. Since the channel response calculated from the long training se-
quences is used to equalize the data symbols, there is a need to correct the frequency
offset in the preambles too.

The algorithm for frequency offset correction [12], is formulated as follows. The short
training symbols are used for estimating the frequency offset between the sender and
receiver. The underlying idea is to use the cyclic property of the short preambles.
Assuming s[n] denotes a sample of the short preamble, s[n] will correspond to s[n+
16]. This would imply that s[n]s[n+ 16] will be a real number where, s[n+ 16] is the
complex conjugate of s[n+ 16]. Should there be any frequency offset, s[n] is not the
same as s[n+16] implying that s[n]s[n+16] will be a complex number. In this case the
argument of the product is 16 times the rotation introduced by the frequency offset
between two samples. The mathematical notation simplified for implementation is
given in [4] as

df =
1

16
arg

(
Nshort−1−16∑

n=0

s[n]s[n+ 16]

)
(3.11)

In the above equation, the product s[n]s[n + 16] is averaged for all the 16 samples.
Nshort is the length of the short training samples. The resulting df is the final value of
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the frequency offset. The calculated frequency offset is then applied to every sample
of the long preambles and the data symbols.

Phase offset correction A phase offset is introduced between the sender and receiver
due to two reasons; the sampling times in the sender/receiver are not synchro-
nised and the symbol alignment in the receiver is not correct. A statistical method
based on linear regression to estimate the phase and correct the same is given
in [33]. The intuition here is as follows, if there are a set of N ordered pairs
(x0, y0), (x1, y1), (x2, y2).......(xN−1, yN−1), fit a straight line using the least square
method through these points. This line through the data called the regression line
will have the form ŷ = α+ βx̂ where α is,

α =

(∑
k

y[k]
)(∑

k

y[k]2
)
−
(∑

k

x[k]
)(∑

k

x[k]y[k]
)

N
(∑

k

x[k]2
)
−
(∑

k

x[k]
)2 (3.12)

and β is given by,

β =

N
(∑

k

x[k]y[k]
)
−
(∑

k

x[k]
)(∑

k

y[k]
)

N
(∑

k

x[k]2
)
−
(∑

k

x[k]
)2 (3.13)

The IEEE 802.11p standard defines four pilots in each OFDM symbols. These four
pilots are used to compute the values of α and β to equalize the phase offset of the
data symbols in the physical layer frame.

3.2.2 Least Squares Estimator

The least squares (LS) estimator is a simple technique to calculate an estimate of the
channel. It utilizes the two long preambles that are part of every physical layer frame to
compute the channel estimate. This channel estimate is used to equalize all the remaining
data symbols in the current frame. Denoting the received long preambles in the frequency
domain as Y1 andY2 ∈ CN , the LS estimate of the channel is given by

hf =
Y1 + Y2

X
(3.14)

where, X is the predefined long training symbol in the frequency domain and hf ∈ CN

represent the LS estimate. Thus the LS estimator is a simple division operation and is
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inexpensive to implement in terms of complexity.

It is shown in [41], that the LS estimator works well only in the presence of an AWGN
channel. In the master seminar, it has been shown that the use of a LS estimator in the
presence of an AWGN channel improves the performance of the receiver. However, in the
presence of a time-varying multipath channel, the simple division operation in the LS esti-
mator is not able to estimate the channel accurately due to Doppler effect. It will be shown
in chapter 4 that this is indeed the case and more sophisticated techniques are needed to
compute the channel estimate of a time-varying multipath channel.

3.2.3 Basic Matching Pursuit algorithm

The basic matching pursuit (BMP) algorithm is used to efficiently compute an estimate
of the channel parameters by utilizing the long preambles that are part of every physical
layer frame [24]. The basic idea of this algorithm, as its name suggests is to match the
received preamble to the parameters of the channel. These algorithms have originated from
the signal representation literature where a dictionary subset is chosen iteratively to find
the most compact representation of the signal. The BMP algorithm and its variants are
computationally efficient although they remain analytically less tractable [26]. Recently,
the use of the MP algorithms for channel estimations have increased noticeably as seen
in [9, 10].

The basic idea of the BMP algorithm can be divided as two steps. In the first step, a
dictionary has to be created which will contain as entries, the preambles corrupted by dif-
ferent combinations of delays and Doppler shifts. In the second step, the received preamble
is matched to these dictionary entries. The delay and Doppler shift values corresponding
to the closest match is chosen as the channel parameters for this particular frame. These
steps are elaborated below.

Creating the Dictionary The dictionary plays a vital role in the operation of the BMP
algorithm. It is in fact, a prerequisite for the BMP algorithm. The dictionary pro-
vides a reference database for all the possible combinations of channel degradations.
In V2V communication scenarios, a time-varying multipath channel is present. The
multipath delays and Doppler shifts are the characteristic parameters of such a chan-
nel as seen in section 2.1. The maximum number of multipath delays and Doppler
shifts can be constrained to K and L respectively by certain trade-off’s as seen in
section 3.1. Thus the dictionary D, is a matrix with the dimensions K × L. Each
element of the dictionary (D)k,l is a vector in CN for the kth delay and the lth

Doppler shift. These elements of the dictionary correspond to a corrupted version of
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the known long preamble X by different combination of delays and Doppler shifts.
An element of the dictionary (D)k,l can be mathematically written as,

(D)k,l = HFX (3.15)

=

(K−1∑
k=0

L−1∑
l=0

(U)k,lClΛk

)
X (3.16)

where, HF is the channel matrix in the frequency domain, Cl is the circular Doppler
shift matrix and Λk is the diagonal delay matrix both in the frequency domain. In
this way, an element of the dictionary is generated for every combination of delay τk
and Doppler shift νl. The dictionary elements are stored which will be used in the
second step of the algorithm. The size of the dictionary can be arbitrarily large if
the delays and Doppler shifts are unconstrained. Knowledge of the communication
standard and the intended application can be intuitively used to reduce the size of the
dictionary and ultimately reduce the complexity of the matching pursuit algorithm
as discussed in section 3.1.

Basic Matching Pursuit The basic matching pursuit (BMP) algorithm is an iterative
algorithm. It assumes that the dictionary is already available and has been com-
puted by corrupting the known preamble X by various combinations of delays τk
and Doppler shifts νl. In each iteration of this algorithm, the received preamble Y is
projected onto every single element of the dictionary. The result of an iteration is an
element of the dictionary that best matches with the received preamble or, reduces
the residual vector from previous iterations. The BMP algorithm is computationally
efficient although it is analytically less tractable.

The BMP algorithm [24] is listed in Table 3.1. It begins with the initialization step
where the residual vector r is the received preamble itself. The next step is to com-
pute the rank-one projection of the received preamble onto all the elements of the
dictionary D as seen in step 2. To simplify the algorithm, j is considered to be a linear
index of the elements in the dictionary. The maximum of these iterations is found in
step 3 and is denoted as s1, which is the linear index of the dictionary element that
has maximised the rank-one projection. The selected element of the dictionary is
stored in a set denoted by I1 for the first iteration in step 4. In step 5, the coefficient
of the delay-Doppler spreading function is computed for the first iteration. Once the
coefficient of the delay-Doppler spreading function is computed, the residual vector is
updated in step 6. The algorithm continues to provide an element of the dictionary
and the corresponding coefficient of the delay-Doppler spreading function for every
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iteration.

Table 3.1: BMP Algorithm.

Intialization

1. r0 = y

2. b0,j = DH
j r0 for j = 1 . . .KL

3. s1 = arg max
j=1...K

|b0,j |2

||Dj ||2

4. I1 = {s1}

5. X̂1 =
b0,s1
||Ds1 ||2

6. b1,j = b0,j − X̂1D
H
j Ds1 for j = 1 . . .KL, j /∈ I1

the pth iteration, p > 1,

7. sp = arg max
j /∈Ip−1

|DH
j rp−1|2

||Dsp ||2

8. Ip = {Ip−1, sp}

9. X̂p =
DH
sprp−1

||Dsp ||2

10. bp,j = bp−1,j − X̂pD
H
j Ds1 for j = 1 . . .KL, j /∈ Ip

The iterative BMP algorithm is terminated by a stopping criteria which is a thresh-
old fixed in the algorithm. The outcome of the BMP algorithm is a set of channel
parameters that best describe the channel. These channel parameters could be a set
of delays and Doppler shifts. Using these channel parameters the channel matrix is
reconstructed according to the guidelines of the channel model described in section
2.1. The channel matrix is leveraged by the equalizer to equalize the data in the
physical layer frame. The channel matrix generated using the parameters from the
matching pursuit algorithm can in theory, be used with any equalizer which will be
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demonstrated in chapter 4.

3.3 Coherent Channel Equalization

A coherent equalizer utilizes the channel parameters provided by the channel estimation
algorithm and leverages the same to correct the received signal. Thus before equaliza-
tion can be carried out, it is necessary to have a precise estimate of the channel. In fact,
the effectiveness of the coherent equalizer depends on the quality of the channel estimate.
Channel estimation aims to determine the varying characteristics of the channel which are
distorting the received signal and the equalizer performs the task to correct the signal using
the channel state information provided by the channel estimator.

As a part of this thesis, three competent equalizers are implemented which are the one-tap
equalizer, the LMMSE equalizer and the SIC family of equalizers. The one-tap equalizer
has been implemented in the master seminar for a stationary AWGN channel. The per-
formance of the one-tap equalizer in the presence of the time-varying multipath channel is
discussed in this section. The LMMSE equalizer is a conventional equalizer and is relevant
for this thesis to provide a baseline for the evaluation of equalizer performance. The SIC
and the SICIR equalizers are state-of-the-art equalizers that are the outcome of recent
research efforts. The novelty of these equalizers lies in their intuitive approach to channel
equalization in addition to exhibiting linear complexity. A mathematical description of
these equalizers is discussed in this section.

3.3.1 One-tap Equalizer

A one-tap equalizer is a simple equalizer that is used in OFDM systems in a frequency
selective or a time-invariant channel. However, the system is designed such that the co-
herence bandwidth of the channel is greater than the sub-carrier bandwidth. This yields
a frequency flat fading for each sub-carrier which can be described by a single complex
multiplication and thus equalization can be done linearly.

The one-tap equalization is performed in the frequency domain. Let Y denote the received
signal in the frequency domain and hF is the channel response computed according to the
LS estimator as described in section 3.2.2. The equalized data X̂ is a simple element-wise
division given as,

X̂ =
Y

hF
(3.17)
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The one-tap equalizer along with the LS channel estimator is suitable only for flat fading
channels. Moreover, the one-tap equalization leads to noise amplification. Vehicular com-
munications present a time-varying multipath channel and the performance of this equal-
ization schemes is inferior when compared to the more sophisticated schemes for channel
equalization as shown in chapter 4.

3.3.2 LMMSE Equalizer

The linear minimum mean square error (LMMSE) equalizer is a well known equalizer that
solves an optimization problem by minimizing the variance of the difference between the
transmitted data and the signal at the output of the equalizer. The optimization problem
posed to the LMMSE equalizer is given by the equation,

x̂LMMSE = arg max
x

(||y −HTx||2) (3.18)

where, || · || refers to the L2 norm, y is the received vector in the time domain and HT is
the channel matrix in the time domain. The channel matrix HT is constructed using the
parameters provided by the channel estimator. The solution of this optimization problem
is given by,

x̂LMMSE = HT

(
HTHT + Λ

(
N

SNR

))−1

y′ (3.19)

HT is the conjugate matrix of HT . N refers to the size of the FFT that is defined in the
standard and SNR is the signal-to-noise ratio. Λ( N

SNR) denotes a diagonal matrix with all
the diagonal elements equal to N

SNR . The equalized data computed according to Eq. 3.19
is then passed onto the upper layers of the stack where it is decoded.

The solution of the LMMSE equalizer involves a matrix inversion. The complexity in-
volved in the inversion of a full matrix is greater than O(N2) and in the worst case is
O(N3) [23, 29]. However, the circular nature of the channel matrix along with a dominant
diagonal aids in overcoming these drawbacks.

3.3.3 SIC family of Equalizers

The successive interference canceller (SIC) and the SIC interference reduction (SICIR) are
state-of-the-art equalizers that are the outcome of recent research efforts [38]. The main
objective of these equalizers is to reduce the complexity seen in conventional equalizers like
the LMMSE or the zero forcing (ZF) equalizer which is typically O(N3). Many approaches
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target achieving lower complexity by equalizing iteratively smaller blocks of the channel
matrix called windowed MMSE [23, 29]. These approaches are successful in reducing the
complexity to at most O(N2).

The SIC and the SICIR equalizers target a complexity of O(N). These equalizers assume
only small Doppler shifts affecting the received signal. This implies that the corresponding
channel matrix is banded. In section 3.1 it is shown that the channel matrix HF will
have a dominant diagonal and can be approximated to be a diagonal matrix ΛF for small
Doppler shift. Based on this approximation, a single-tap equalizer is constructed using the
diagonal elements of the channel matrix denoted by ΛF . This equalizer is the SIC equalizer
described in the Eq. 3.20,

X̂SIC =
Y

ΛF
(3.20)

Thus, the SIC equalizer provides a cost effective technique to equalize the data. The SIC
equalizer assumes perfect channel state information (PCSI) at the receiver [38] which is not
available in a practical implementation of a receiver. In this thesis, the BMP algorithm for
channel estimation is coupled with the SIC equalizer to remove the dependency on PCSI.
The performance of the SIC equalizer with both the PCSI and channel state information
provided by the BMP algorithm is included in chapter 4.

An extension to the SIC equalizer, the SICIR equalizer performs an interference reduc-
tion step after the one-tap equalization described in the SIC equalizer. The non-diagonal
elements of the channel matrix HF represent the interference from the neighbouring sub-
carriers. Thus, after each detected symbol the following received symbols are updated by
removing the interference components from the previously detected symbols as described
in the Eq. 3.21,

(ŷSICIR)i = (y)i −
Q∑
q=1

(HF )i,i−q(x̂)i−q (3.21)

where, (x̂)i−q is a previously detected symbol and Q is the number of interference terms
to be considered. The complexity of the SICIR equalizer depends on the number of inter-
ference terms considered and is O(QN).

The SIC and the SICIR equalizers approach the problem of equalization intuitively by per-
forming a one-tap equalization using the diagonal elements of the channel matrix and then
subtracting the interference components from the neighbouring sub-carriers. However, the
number of interference terms considered Q must be fixed in the algorithm and might not
be the optimal choice for all channel conditions.
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3.4 Channel Tracking

The characteristics of the time-varying multipath channel change with time. Coherence
time is the time separation at which the amplitudes of the two time domain samples of the
channels become decorrelated. It can also be thought as the time for which the channel
remains constant. The coherence time is inversely proportional to the Doppler shift and is
given by the equation.

TC =
3

2πfdmax

ln(2) (3.22)

The channel estimation schemes that are implemented in this thesis, compute the channel
estimate using the long preambles which are at the beginning of the frame. This channel
estimate is used to equalize all the data symbols in the current physical layer frame. In
cases of extreme mobility, the Doppler shifts can be high enough to change the channel
characteristics within the frame. Thus some of the data in the physical layer frame is
equalized with an outdated version of the channel estimate. This motivates the need for
channel tracking.

Channel tracking is done using the four pilots that are part of every OFDM symbol in ad-
dition to the channel estimation and equalization proposed in sections 3.2 and 3.3. There
are many sophisticated schemes for channel tracking as described in the literature survey
in section 1.3, but most of these add to the complexity of the existing channel equalization
schemes. Thus, a very simple channel tracking method using LS estimation and equal-
ization based on block interpolation [8] is implemented in this thesis. If the four received
pilots in every OFDM symbol is denoted as Ypil and the known pilots is denoted as Xpil,
the channel response is computed in the frequency domain as,

Hpil =
Ypil
Xpil

(3.23)

The Hpil is then used to equalize the data symbols using block interpolation. The results
of the channel tracking scheme under various channel scenarios is shown in chapter 4. In
addition to this, phase-offset tracking is done according to section 3.2.1 along with the
equalization schemes.

3.5 Complexity Analysis

Complexity analysis is an important aspect of any implementation. Channel equalization
algorithms are implemented in the receivers and thus its implicit that the complexity of
these algorithms must be low. The computational bottleneck in the receiver is the channel
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estimation algorithm which has to search for the right combination of delay and Doppler
shift and the equalization algorithm which should equalize the data.

The complexity of the matching pursuit algorithm which is used for channel estimation is
O(KLpN) where, K and L are the maximum number of delays and Doppler shift bins that
have to be searched and together form the dictionary. p is the number of iterations in the
matching pursuit algorithm and N is the size of the FFT. If the dictionary becomes too
large, the complexity of the matching pursuit algorithm also increases which might make it
impractical to implement. The complexity also scales with the number of iterations p which
depends on how fast the matching pursuit algorithm converges to the optimal solution. A
practical solution that would make the algorithm implementable depends on developing a
novel method to search the dictionary and also find an optimal stopping criteria.

In order to search the dictionary, a novel technique called Delay-Doppler Search (DDS)
is employed. This technique can be used because of the fact that the delays and Doppler
shifts are mathematically separable. The basic idea of DDS is to first search in the delay
dimension to find the optimal delay keeping a constant Doppler shift. Once the delay
is found, the Doppler shift introduced by the channel is searched for that delay. This
technique reduces the complexity substantially so that the search space reduces from KL
elements to S elements which is at most (K + L), a few orders of magnitude smaller than
KL. The resulting complexity of the algorithm is O(SpN).

The LMMSE equalizer solves an optimization problem to equalize the data in the physical
layer frame. The solution of this optimization problem involves a matrix inversion. The
complexity associated with the LMMSE equalizer is between O(N2) and O(N3).

The SIC equalizer is essentially a one-tap equalizer with linear complexity. It works well for
small Doppler shifts since the channel matrix can be assumed to be a diagonal matrix. The
SICIR equalizer also consists of a one-tap equalizer followed by a interference reduction
step where the interference components from the neighbouring sub-carriers are subtracted.
If Q is the number of interference terms that are considered, then the complexity of the
SICIR equalizer is O(QN).
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Chapter 4

Results

In this section, first the implementation details and experimental setup is elaborated fol-
lowed by the evaluation of the channel estimation and equalization schemes is discussed.
The algorithms for channel estimation and equalization are implemented in GNU radio.
The implementation details of these algorithms are explained in 4.1. The performance of
the different channel estimation and equalization schemes under various channel conditions
are discussed in sections 4.2, 4.3, 4.4.

4.1 Implementation Details

The best way to validate state-of-the-art algorithms is to implement them and show that
they indeed work. The implementation details of the channel estimation and equalization
algorithms and the simulation setup is explained in this section.

4.1.1 GNU Radio

GNU Radio is a free and open source software development toolkit that provides signal
processing blocks to implement software radios [16]. A software radio is defined as, “A
radio communication system where components that have been typically implemented in
hardware (e.g. mixers, filters, amplifiers, modulators/demodulators, detectors, etc.) are in-
stead implemented by means of software on a personal computer or embedded system” [14].
The benefit of a software implementation of a communication system on a general purpose
hardware is that it provides an excellent platform for experimentation and design since
software can be easily modified. The same hardware can be used to create many kinds of
radios for different scenarios and many different transmission standards.
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GNU Radio performs all the signal processing in software and can be used to write appli-
cations to receive data out of digital streams or to push data into digital streams, which
is then transmitted using hardware. GNU Radio has filters, channel models, synchro-
nisation elements, equalizers, demodulators, coders, decoders, and many other elements
(called blocks in GNU Radio jargon) which are typically found in radio systems. More
importantly, it includes a method of connecting these blocks and then managing how data
is passed from one block to another. It also has provisions for extension and any missing
functionalities (blocks) can be created as described in [16].

A complete software implementation means that GNU Radio can only handle digital data.
Thus, only complex baseband samples are the input to a receiver block and the output
of a transmitter block. However the data flow within the receivers and the transmitters
can be of any type like, bits, bytes, vectors, bursts or more complex data types. The
core of the GNU Radio software is primarily written using the Python programming lan-
guage, but the elementary blocks are written using C++ in an object oriented environment.

Several projects by programmers, enthusiasts, academicians and engineers have added to
the functional capability and usable documentation for GNU radio. One such project is
the implementation of the IEEE 802.11 a/g/p receiver and transmitter [4, 5, 6]. For this
thesis, the algorithms channel estimation and compensation as described in chapter 3 will
be implemented as an extension to this project. This choice is motivated by several reasons
like, support for various modulation schemes, availability of hardware at the lab and the
loopback feature enabling to study system behaviour by simulation. The following section
will briefly describe this project.

4.1.2 IEEE 802.11p tranceiver

The IEEE 802.11p transceiver is a software radio that implements the PHY and MAC
layer according to the IEEE 802.11p standard. It consists of a software part based on
GNU Radio, where the signal processing takes place, and a hardware part that does the
job of up and down conversion of the wave forms. One of the hardware components that is
compatible with this transceiver is the Ettus Research USPR N200 with a daughter board
to operate in the 5.9 GHz domain. In addition to this, a loopback provides the means to
connect the transmitter and the receiver in software to validate the system behaviour. It
provides an ideal platform for real-time testing as well as quick prototyping and develop-
ment of new algorithms.

Transmitter The transmitter is implemented according to the IEEE 802.11p specifica-
tion. Fig. 4.1 shows the flow graph of the transmitter as seen in the GNU Radio
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companion. The GNU Radio companion is a graphical user interface to create signal
processing flow graphs. The OFDM Mapper block is responsible for the encoding
process. The data is scrambled, encoded with a convolutional code with a fixed code
rate, followed by puncturing to increase the code rate and finally interleaving the
data. All these steps are implemented as described in the standard. Next, pilots are
added to the encoded data. The header information is added to the encoded data
in the Packet Header Generator Block. The OFDM Carrier Allocator block inserts
the pilots and the training sequences to the stream. An 64−point IFFT is performed
followed by appending the cyclic prefix in the OFDM Cyclic Prefixer block. The
resulting data is then transmitted onto the channel.

Figure 4.1: Transmitter structure in GNU Radio Companion [6].

Receiver The signal corrupted by a time-varying multipath channel is received at the
receiver. Fig. 4.2 shows the complete structure of the receiver as seen in the GNU
radio companion. The first step at the receiver is to synchronize the received stream
and identify the start of frame. The start of the frame is detected by performing
a correlation of the stream with a delayed version at different instants. The cor-
relation will produce a peak at the beginning of the stream and this peak is used
as an indicator for the start of the physical layer frame. The identification of the
start of frame takes place in the OFDM Sync Short block. The frequency offset is
computed and corrected according to the algorithm described in section 3.2.1, the
cyclic prefix removed and the data is aligned in the OFDM Sync Long block. In
addition to this, the long preambles are used to compute an estimate of the chan-
nel using the matching pursuit algorithm and the data symbols in the frame are
equalized using a LMMSE, SIC or an SICIR equalizer. The short preambles and the
long preambles are discarded and not transmitted to the next block. This is one of
the reasons that the channel equalization algorithms have been implemented in this
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block. The equalized data stream is converted to a vector and a 64−point FFT is
performed. In the OFDM Equalize Symbols block, the four pilots are used to com-
pute the phase offset and correct the same. The channel tracking algorithms are also
implemented using the pilots in this block. The OFDM Decode block then performs
de-interleaving, demodulating, descrambling after which a decoding attempt is made.

Figure 4.2: Receiver structure in GNU Radio Companion [5].

Experimental Setup The transmitter and the receiver are connected by a software loop-
back. The software loopback enables simulation of various channel conditions in order
to evaluate the performance of the channel estimation and equalization schemes. This
loopback as seen in the GNU radio companion is shown in the Fig. 4.3. The message
strobe produces a stream of messages at regular intervals. The OFDM MAC block
sets up the registers, required ports and memory needed for simulation. The data
is passed to the transmitter in the PHY Hier block. The output of the transmitter
is passed through the dynamic channel model that is used to simulate the different
channel conditions to evaluate performance. Additive noise of a desired power is also
added to the stream. This stream is passed onto the receiver in the PHY Hier block.

The SNR vs. BER curves are used as a measure to evaluate performance. All the
performance graphs included in this thesis are generated from simulations done using
this loopback.

The experimental setup to generate the SNR vs. BER curves is as follows,
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Figure 4.3: Software Loopback in GNU Radio Companion [6].

• The dynamic channel corrupts the signal by introducing a certain delay and
Doppler shift component.

• AWGN noise is added incrementally to the channel at regular intervals.

• The channel estimator learns the channel parameters using the preambles.

• The channel parameters given by the estimator is used to construct an equalizer
which equalizes the data symbols in the current physical layer frame.

• The equalized data is demodulated and the BER is computed using template
matching. The value of SNR is also recorded at this point.

• The values of SNR and BER are written into a file. These files are processed in
Matlab and the final SNR vs. BER curves are generated.

4.2 Need for Equalization

Vehicle-to-vehicle communication systems pose a time-varying multipath channel as shown
in section 2.1. The modifications introduced in the IEEE 802.11p standard does not con-
sider the effects of high mobility inherent in vehicular environments. This motivates the
need for additional equalization at the receiver. The motivation becomes even more evident
by observing the performance of the receiver in the following scenarios.

• In the first scenario, the receiver is in the presence of a time-varying multipath
channel. However, no equalization schemes are implemented.
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• In the second scenario, the receiver is in the presence of a time-varying multipath
channel and different channel estimation and equalization schemes are implemented
in the receiver.

The difference in performance of the various equalizers at different Doppler shifts is shown
in Fig. 4.4,
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Figure 4.4: Impact of Equalization.

In the above figure, the red line indicates the first scenario where in, no equalization
scheme is implemented for a time-varying multipath channel. Three different channel con-
ditions with Doppler shifts, Fd = 20, 200 and 2000Hz, is simulated. In terms of normalized
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Doppler, this would correspond to, Fnd = 0.000128, 0.00128 and 0.0128. In the context of
IEEE 802.11p standard where the transmit frequency is around 5.9GHz, the Doppler shifts
correspond approximately to 1m/s, 10m/s and 100m/s respectively. These channel con-
ditions cover all the scenarios in which vehicle-to-vehicle communication is intended to be
used. It can be seen that any form of equalization clearly improves the performance of
the system. Even at substantial Doppler shifts of Fd = 2000Hz, the equalization schemes
provide a far better performance when compared to the receiver without equalization.

4.3 Performance of Channel Estimation and Equalization
Schemes

In this section, the performance of different channel estimation and equalization schemes
are discussed. The first scheme to be evaluated is the LS estimator along with the one-tap
equalizer. The performance of this equalizer at different Doppler shifts is given in the
Fig. 4.5,
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Figure 4.5: Performance of the LS + one-tap equalization scheme.
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The above figure shows the sensitivity of the LS estimation and one-tap equalization scheme
at different Doppler shifts. It is quite clear that the performance of the equalizer degrades
as the Doppler shift increases. This is a trivial equalization scheme that works well in
a time-invariant channel. However, in the presence of a time-varying multipath channel,
more sophisticated schemes like the LMMSE equalizer outperforms the one-tap equalizer
which is also evident in Fig. 4.4. It is concluded that the one-tap equalization scheme
using the LS estimator is suited for the static AWGN channel and performs poorly in the
presence of a time-varying multipath channel.

Next, the performance of the BMP channel estimator along with the LMMSE equalizer
is discussed. The performance of this scheme is evaluated for different Doppler shifts and
compared against the perfect channel state information (PCSI). The PCSI provides a base-
line for comparison.
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Figure 4.6: Performance of the BMP + LMMSE equalization scheme.

It can be seen that the channel estimation scheme using BMP along with the LMMSE
equalizer produces very good results when compared to the PCSI. For a small Doppler
shift of 20Hz, the SNR vs. BER curve is almost the same as that of the PCSI. As the
Doppler shift increases, the performance of this equalization scheme degrades. Thus, the
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LMMSE equalizer using the BMP channel estimator is sensitive to the amount of Doppler
shift in the channel.

The SIC equalizer is a state-of-the-art equalizer that assumes the channel matrix to be
diagonal. This is true, only for small Doppler shifts as discussed in section 3.3.3. The
performance of the SIC equalizer is evaluated in the Fig. 4.7,
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Figure 4.7: Performance of the BMP + SIC equalization scheme.

The sensitivity of the SIC equalizer to Doppler shifts is immediately evident from the fig-
ure. The performance of this equalizer at small Doppler shifts is very close to the PCSI
and it degrades as the Doppler shift in the channel increases. The SIC equalizer proposed
in [38], assumes perfect channel state information (PCSI) to be available at the receiver.
However, in practical systems the PCSI is not available. The SIC equalizer implemented in
this thesis is made to use the channel state information provided by the BMP algorithm.
The performance of the SIC equalizer using the BMP channel estimator is very close in
performance to the PCSI, thus proving that the BMP algorithm is successful in providing
a good estimate of the channel.
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The SICIR equalizer is an extension to the SIC equalizer. It performs an interference reduc-
tion step by subtracting the interference components from the neighbouring sub-carriers.
Unlike the SIC equalizer, It does not assume the channel matrix to be diagonal. The per-
formance of the SICIR equalizer at different Doppler shifts is shown in the Fig. 4.8. It is
seen that the performance of the SICIR equalizer degrades as the Doppler shift increases.
This behaviour is consistent with the LMMSE and the SIC equalizers.
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Figure 4.8: Performance of the BMP + SICIR equalization scheme.

It can be concluded that the channel estimation and equalization schemes are sensitive to
the amount of Doppler shift in the channel. The performance of these schemes show no-
table degradation as the Doppler shift increases. During the course of simulation, it is seen
that the synchronisation is also affected as the Doppler shift increases. In addition to this,
the basic matching pursuit algorithm might not provide the correct combination of delay
and Doppler shift to represent the channel. These reasons could cause the degradation
experienced at higher Doppler shifts.

Now, the performance of the channel estimation and equalization schemes are evaluated
for a particular Doppler shift. This evaluation will reveal the relative performance of these
equalizers. Fig. 4.9 shows the performance of all the channel equalization schemes under
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different channel conditions.
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Figure 4.9: Performance of Doppler compensation schemes.

The PCSI provides the baseline to compare performance. At a relatively small Doppler
shift of Fd = 20Hz, the BMP channel estimator along with the LMMSE equalizer best
matches with the baseline. The SIC equalizer does not perform as well as the LMMSE
equalizer especially at medium SNR. This can be attributed to the fact that the SIC equal-
izer do not consider the non-diagonal elements of the channel matrix due to which, the
interference due to the neighbouring sub-carriers are still present in the signal. The SICIR
equalizer performs better than the SIC equalizer. The number of interference terms consid-

45



Chapter 4.4: Performance of Channel tracking

ered for simulation is q = 5, which means that the interference from the five neighbouring
subcarriers is subtracted. The one-tap equalizer using LS channel estimator is seen to
perform the worst when compared to the above schemes.

As the Doppler shift increases, the performance of the equalizers also suffer degradation.
However, from the relative performance it is concluded that the LMMSE equalizer performs
the best and the one-tap equalizer performs the worst.

4.4 Performance of Channel tracking

The characteristics of a time-varying multipath channel as the name suggests, vary with
time. In scenarios of high Doppler shifts, the channel parameters can vary within the phys-
ical layer frame as the coherence time becomes smaller than the duration of the frame. This
motivates the need for channel tracking in which, the channel characteristics is updated for
every data symbol in the physical layer frame. The four pilots in an OFDM data symbol
is used to track the changes in channel parameters.

The channel tracking scheme in this thesis consists of a simple LS estimator followed by a
block equalizer as seen in section 3.4. This channel tracking scheme does not increase the
complexity of the channel estimation and equalization algorithms. The channel tracking
scheme is implemented for the LMMSE, SIC and the SICIR equalizer and their perfor-
mance is evaluated in this section for different channel conditions.

Fig. 4.10, shows the performance of the channel tracking scheme along with the BMP esti-
mator and the LMMSE equalizer. The performance is evaluated for three different channel
conditions with Doppler shifts, Fd = 20, 200 and 2000Hz. In terms of normalized Doppler,
this would correspond to, Fnd = 0.000128, 0.00128 and 0.0128 respectively. These cases
correspond to speeds ranging from 3Kph to around 370Kph, which are typical speeds ob-
served in the context of vehicle-to-vehicle communication systems.

In cases of small Doppler shifts, it is seen from Fig. 4.10(a) that the channel tracking scheme
does not improve the performance of the LMMSE equalizer. This may be due to the fact
that the LMMSE equalizer along with the BMP channel estimator have overcome the ef-
fects of the time-varying multipath channel. As the Doppler shift increases in Fig. 4.10(b),
the benefits of the channel tracking scheme become evident. A clear improvement is seen
for high SNR. Even at higher Doppler shifts Fd = 2000Hz, the channel tracking scheme
improves performance as seen in Fig. 4.10(c). However, at lower SNR, no significant im-
provement is seen in the performance. This might be due to the tendency of the one-tap
block equalizer to amplify the noise due to which, the performance degrades at lower SNR.
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Figure 4.10: Performance of Channel tracking with BMP+LMMSE.

Fig. 4.11, shows the the channel tracking scheme along with the BMP estimator and the
SIC equalizer. The SIC equalizer assumes the channel matrix to be diagonal and performs
a one-tap equalization as seen in section 3.3.3. The dependancy of the SIC equalizers on
the PCSI is overcome by coupling it with the BMP algorithm to provide an estimate of
the channel state information. It is interesting to see if the channel tracking schemes im-
prove the performance of the receiver. The performance of the channel tracking scheme is
evaluated for different channel conditions as shown in the Fig. 4.11,
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Figure 4.11: Performance of Channel tracking with BMP+SIC.

From the Fig. 4.11(a) it can be seen that, for relatively small Doppler shifts, the channel
tracking scheme does not improve the performance of the SIC equalizer. However, as the
Doppler shifts increases the channel tracking algorithm slightly improves the performance
of the receiver as seen in Fig. 4.11(b) and (c). Thus, channel tracking can be beneficial in
environments of high mobility.

Finally, the channel tracking scheme is applied to the SICIR equalizer. The SICIR equalizer
is an extension to the SIC equalizer and considers a banded channel matrix for equalization.
Fig. 4.12, shows the performance of the channel tracking scheme implemented along with
the BMP estimator and the SICIR equalizer.
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Figure 4.12: Performance of Channel tracking with BMP+SICIR.

It is again observed in Fig. 4.12(a) that for small Doppler shifts the channel tracking
scheme does not improve the performance of the equalizer. As the Doppler shift in the
channel increases, the channel tracking scheme significantly improves performance as seen
in Fig. 4.12(b) and (c).

49



Chapter 4.4: Performance of Channel tracking

50



Chapter 5

Conclusion and Future Work

Research in the field of vehicle-to-vehicle communication has been motivated by the need
to enable high mobility in these systems. The vision of Intelligent Transport Systems is to
provide a WLAN like environment in vehicles with an emphasis to increase safety in road
travel.

The IEEE 802.11p standard specifies wireless access in vehicular environments and is pro-
posed to work in a frequency band specifically allocated for vehicular communication sys-
tems. It has been shown that the modifications introduced in this standard fall short of
overcoming the effects of high mobility in vehicular communication systems.

Vehicular communication systems pose a time-varying multipath channel. The character-
istics of this channel are mathematically described in this thesis. The focus of this thesis is
to estimate the characteristics of this channel and equalize its effects at the receiver. The
Basic Matching Pursuit algorithm is chosen to perform the task of channel estimation. Lit-
erature survey shows that the BMP algorithm has not yet been used in vehicle-to-vehicle
communication systems. The BMP algorithm utilizes the long preambles in the beginning
of the frame to compute the channel characteristics by finding the maximum of the rank-
one projection as described in section 3.2.3. On its own, the matching pursuit algorithm
is impractical to implement for bigger dictionaries due to high complexity. However, the
search space can be constrained because the kind of multipath delays and Doppler shifts
that are relevant are known a-priori as explained in this thesis. In addition to this, a novel
idea called the Delay-Doppler search is employed which can reduce the complexity of the
search heuristic of the BMP algorithm significantly. In this technique, the search is done in
two directions; first for the multipath delay and second for the Doppler shift. It is shown
that these ideas help reduce the complexity associated with the channel estimation. The
results also show that the BMP algorithm can be coupled with any coherent equalization
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algorithm.

Coherent equalizers are chosen to perform the task of equalization. This means that the
equalizers leverage the channel information to equalize the data. Three equalizers namely,
one-tap, Linear Minimum Mean Square Error and the Successive Interference Canceller
family of equalizers are implemented in this thesis. The performance of these equalizers
are evaluated for different channel conditions. It is concluded that the one-tap equalizer
is best suited for a static AWGN channel and performs poorly in the presence of a time-
varying multipath channel. The LMMSE equalizer is shown to perform slightly better than
the SIC and the SICIR equalizer because it considers the full channel matrix. However,
the complexity associated with the LMMSE equalizer can be high due to matrix inversion.
The SIC and the SICIR equalizers are state-of-the-art equalizers that intuitively approach
the problem of equalization. These equalizers assume a banded structure of the channel
matrix to make gains in complexity.

Extreme cases of mobility would mean increased Doppler shifts and thus reducing the co-
herence time of the channel. If the coherence time of the channel becomes smaller than the
frame duration, channel tracking would become necessary. A channel tracking algorithm
based on LS estimation followed by a simple block equalization scheme is implemented in
this thesis for the LMMSE, SIC and the SICIR equalizers. The performance of this chan-
nel tracking scheme is evaluated for different channel conditions. The results show that
although simple in its approach, this scheme produces good results especially at higher
Doppler shifts.

All the algorithms for channel estimation and equalization are implemented in GNU radio
which is an open source software development tool kit that provides signal processing blocks
to implement software radios. The results are generated using a software loop-back that
connects the transmitter, the dynamic channel and the receiver in software. This module
serves as an excellent platform to develop and implement channel equalization schemes.
Extensive testing by simulation is also supported to understand the behaviour of the chan-
nel equalization schemes. In addition to this, the platform allows for real-time testing with
RF equipment. It is concluded that a platform for the development and testing of channel
equalization algorithms is available for future research.

Although the outcome of this thesis shows promising results, there is scope for future
improvement in the areas of channel estimation, equalization, channel tracking and eval-
uation. The BMP algorithm for channel estimation can be implemented more efficiently
by means of a tree search. This would mean that the delay and Doppler shift components
are searched at different scales. The BMP algorithm is an iterative procedure which termi-
nates with a stopping criteria. Since the number of iterations influence the complexity, it
would be worth while to look into different stopping criteria. It would also be interesting to
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implement other promising channel estimation techniques to compare it with BMP. There
is also a scope for future work in the area of equalizers. More sophisticated equalizers like
the LSQR equalizer could be implemented and compared with the LMMSE and the SIC
equalizers. Few sophisticated non-coherent equalizers can be implemented and the perfor-
mance can be evaluated based on different parameters. In the area of channel tracking,
more complicated techniques can be implemented to improve the performance. The BMP
algorithm can be applied to the four pilots to estimate the channel instead of using the
LS estimator. It is seen that in cases of mild Doppler shifts, the channel tracking scheme
does not improve performance. A metric can be developed to decide if the channel needs
to be tracked. This could reduce the complexity associated with channel tracking. The
evaluation can be improved by using other channel models that are closer to vehicular envi-
ronments. Real-time experiments can be conducted by the use of RF hardware to evaluate
the performance of the channel estimation and equalization scheme in a practical scenario.

The outcome of this thesis is a step towards enabling high mobility in vehicular envi-
ronments. It also paves a way for future research by providing a usable platform for
development and testing of more sophisticated algorithms.
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