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Multiple Antenna Communication with Time Reversal Mirror (MIMO-TRM)
Pre-Processing

Abstract

We have pioneered the study of time reversal (TR) pre-processing in radio wireless
communication. Our results have shown that TR is beneficial for use in a rich scattering
environment with many propagation paths, thus positioning the technique as a low
complexity solution for. high data rate communication via large delay spread channels.
Methods to improve the performance of TR have been studied, and comparisons with
other precoding schemes have been made. In particular, a TR system prototype has been
designed, and is being built for carrying out future experiments.

Introduction

Communication via a large delay spread channel at high data rate has proven to be a
challenging task, primarily due to the substantial amount of intersymbol interference (ISI)
incurred by the long channel impulse response (CIR). Time reversal (TR) is a simple pre-
processing technique that makes such communication feasible without the need for any
complex receivers. In a TR communication system, the receiver first sends a training
sequence to the transmitter for channel estimation. The transmitter convolves the message
with the time-reversed CIR, and sends it to the receiver. Three main benefits result from
this simple transmission scheme.

e Spatial focusing — The spatial profile of the received signal’s power peaks at the
receiver and decays rapidly away from the receiver. This means that co-channel
interference in a multi-cell system is low, and the probability of interception by an
unintended receiver is small. As a result, efficient frequency reuse can be realized,
and secure communication is attained.

e Temporal focusing — Analogous to traditional matched filtering at the receiver,
the power of all multipaths in the CIR can be collected at one particular time
instant. Thus, the receiver can detect the transmitted message at this time instant
with maximum signal-to-noise ratio (SNR).

e Channel hardening — The time variation of the effective CIR seen by the receiver
is significantly less than that of the original channel. In other words, a high
frequency diversity gain is achieved, and the adverse effect of fading is reduced.

Although TR has been studied extensively, and applied successfully, in the ultrasound
and underwater acoustic arenas, especially in a rich scattering environment with ample
multipaths, its suitability for wireless radio has yet to be determined. The core of our
research activities was to investigate the feasibility of applying TR to high data rate
wireless radio communication. The research results are summarized in the following
section. For detailed explanations, please refer to the attached publications.




Summary of Research Results

1. M. Emami, J. Hansen, A. Kim, G. Papanicolaou, A. Paulraj, D. Cheung, and C.
Prettie, “Predicted Time Reversal Performance in Wireless Communications Using
Channel Measurements,” to appear in IEEE Communications Letters.

This work represents the first effort in estimating the performance of TR in wireless radio
using real channel measurements. Data were taken in an indoor environment in the 2 to 8
GHz frequency band by Intel Corporation. Our calculations show that the 3 main benefits
of TR, namely spatial focusing, temporal focusing and channel hardening, can all be
obtained. These results support the theory that TR is an equally attractive technology for
wireless radio communication as for ultrasound and underwater acoustic communication.

2. J. Hansen, D. Baum, A. Paulraj, “Design Approach for a Time Reversal Test Bed for
Radio Channels,” Special Session on MIMO Prototyping, 12th European Signal
Processing Conference, Sept. 2004.

This work describes the design of a prototype system for carrying out TR experiments in
wireless radio. The design is heavily based on an off-the-shelf multiple-input-multiple-
output (MIMO) channel sounder, in order to keep implementation and development costs
low. A company has tentatively agreed to build this prototype, pending final approval of
contract by Stanford University and the company. The availability of this prototype will
allow us to demonstrate that the predicted benefits of TR can actually be attained in
practical environments.

3. T. Strohmer, M. Emami, J. Hansen, G. Papanicolaou, A. Paulraj, “Application of
Time Reversal with MMSE Equalizer to UWB Communications,” Global
Telecommunications Conference, Dec. 2004.

This work examines the performance gain of adding a minimum mean square error
(MMSE) linear equalizer at the receiver of a TR system. Performance improvement is
obtained because ISI still exists in the received signal, even though the signal is already
time compressed. Moreover, for fixed equalizer complexity, the concept of rate-backoff
is introduced. The idea is to reduce the transmission rate, and hence the IS, to a point
such that a certain performance level is maintained.

4. M. Emami, M. Vu, J. Hansen, A. Paulraj, G. Papanicolaou, “Matched Filtering with
Rate Back-off for Low Complexity Communications in Very Large Delay Spread
Channels,” submitted to Asilomar Conference on Signals, Systems, and Computers,
Nov. 2004. (Extended Abstract)

This work derives the optimum MMSE linear prefilter for an ISI channel, subject to the
constraint of a simple, one-tap equalizer at the receiver. The performance of this
transmission strategy is compared to that of TR.




5. C. Oestges, J. Hansen, M. Emami, A. Paulraj, G. Papanicolaou, “Time Reversal
Techniques for Broadband Wireless Communications,” European Microwave Week,
Oct. 2004. (Invited Paper)

This paper gives an overview of the TR technology as applied to wireless radio
communication. It contains both a tutonial introduction and recent research results,
including results discussed in the above contributions.

Conclusions and Future Work

We have initiated the investigation on applying TR to wireless radio communication. Our
results have shown that TR is a promising technology to pursue, with the capability of
achieving high data rate at low complexity under hostile environment with large amount
of ISI. Future research will continue to examine TR in details. Questions such as how
inaccurate channel information affects performance, and how spatial focusing can be
quantitatively measured, will be addressed. Comparisons with nonlinear precoding
techniques will also be made. Moreover, we expect to perform TR experiments in
practical environments once our prototype system is available. On a broader perspective,
we seek to better understand the fundamental tradeoff between spectral efficiency, power
consumption, performance and complexity when communicating via large delay spread
channels at high data rate.
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ABSTRACT

In time reversal, a message signal to be transmitted is first
convolved with the time-reversed channel impulse response
and then sent to the receiver. The “time-reversed” waves
which propagate into the channel retrace their former paths;
they eventually lead to a focus of power in space and time at
the receiver. Time reversal systems can use antenna arrays
in order to enhance the focusing, but they do not necessarily
need to. The channel’s degrees of freedom are rather excited
by using broadband signals, and the focusing can be achieved
with single-antenna links.

To the authors’ best knowledge, there has been no
demonstration of time reversal in wireless radio yet. This pa-
per describes the broad design principles of a system that is
designed to demonstrate time reversal in wireless radio chan-
nels. The system block diagram, some critical specifications
and sources of error are described. Experimental data will be
presented, if available in time, at the workshop.

1. INTRODUCTION

In a practical system employing time reversal (TR}, an in-
tented receiver sends a training sequence to an intended
transmitter which is equipped with one or potentially more
than one transmit antenna. The transmitter time-reverses the
estimated channel impulse response (CIR) and convolves this
signal with any message signal that is then sent to the re-
ceiver.

In quasi-static, reciprocal channels this simple precod-
ing scheme yields a concentration of power at only the in-
tended receiver at a particular time. The spatial and temporal
focusing that can be achieved by TR has been successfully
demonstrated in ultra-sound by Fink [1, 2] and in underwater
acoustics [2, 3, 4, 5].

In wireless communications, no demonstration is known
to the authors. In this paper, we propose to convert a com-
merically available broadband MIMO channel sounder into
a device that can demonstrate the leverage of TR in low
Doppler (quasi time-invariant) channels with about one mi-
crosecond delay spread. Our strategy is to keep the upgrade
as simple as possible. We rely on the MIMO sounder’s capa-
bility for channel estimation, and add the features to transfer
the CIR estimates back to the transmitter via an extemal link
and to then transmit a precoded message. Hence, we replace
the pair of transceivers usually considered in TR experiments
by a single transmitter and a single receiver which are con-
nected by some feedback loop. The TR sounder is designed

Jan Hansen’s work was supported by the grant HA3499/1-1 of the
Deutsche Forschungsgemeinschaft (DFG).

such that this feedback loop can be chosen from a variety of
publicly available, wired or wireless, links.

The rationals for this strategy are twofold. For one, the
modification of this type of existing and verified system min-
imizes the amount of additional hardware effort needed and
the risk of system performance failure. Secondly, the usage
of the same link for channel estimation and TR eliminates
any problems with the reciprocity assumptions that possibly
occur due to differences in transmit and receiver RF chains
of a single transceiver.

The remainder of the paper is organized as follows. In the
next section, we give a brief introduction to TR. In the third
section, we describe the system’s design principles. We pro-
ceed to investigate critial specifications and sources of error
in the fourth, and conclude in the fifth section.

2. TIME REVERSAL

The transmitter uses the time-reversed complex conjugate
of the CIR as the transmit prefilter. We denote the CIR by
h(ro,7), where ry is the receiver location and 7 is the delay
variable. Applying #*(rp,—7) as the prefilter, the effective
channel to any location r is thus given by the time-reversed
field

s(r,7) £ b*(ro,—7) ® h(r,7) M

where “®” denotes convolution.

A convolution with a time-reversed signal is equivalent
to a correlation. We see from (1) that the focusing relies on
the decorrelation of CIRs in the delay and the spatial domain.
A CIR can be considered a random code sequence that is as-
signed to a transmit-receive pair. The auto- and crosscorrela-
tion properties of this sequence are given by nature. In con-
trast to CDMA, they come without any additional bandwidth
spreading. The decorrelation of the CIRs is obviously best in
a rich scattering environment. In addition, high bandwidths
unleash the channel’s degrees of freedom and aid decorrela-
tion. Physically, one can consider the ubiquitous locations of
the scatterers to form a large virtual aperture which enables
focusing even with a single antenna down to the diffraction
limit. A simple but effective measure for the focusing capa-
bility of a TR channel is the delay-spread bandwidth product
which roughly gives the number of taps that the CIRs has.
For an initial evaluation of the benefits of TR we refer to [6].

3. SOUNDER ARCHITECTURE

The commercially available MIMO sounding unit consists of
the following parts. The transmitter contains a signal gener-
ating unit (SGTx) and a transmitter RF module (RFTx), the
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Figure 1: A schematic of the TR sounder.

receiver contains a receiver RF module (RFRx) and a data
storage unit (DSRx). The conversion of this sounder into a
TR sounder is done by adding components which we call
TR signal processing unit (TRSPU) and feedback loop (FL).
Fig. 1 shows the architecture of the TR sounder.

The proposed TR scheme operates in three steps; the
main function of the TRSPU is the flexible definition and
coordination of these steps. In a first step, called channel es-
timation step (CES), the transmitter transmits a training se-
quence that the receiver uses to estimate the channel. This
estimate is time-reversed in the second step, convolved with
the transmit sequences, and sent back to the transmitter via
the FL. Then, in a third step called time reversal step (TRS),
the transmitter transmits the time-reversed sequence into the
channel; the receiver now sees a signal that is focused in
space and time. The time focusing can be demonstrated by
the compressed CIR at the intended receive antenna; the spa-
tial focusing appears because apart from this one antenna, all
other ones will detect signals that look like noise.

In the next subsections we describe the specifications of
the TR sounder in more detail.

3.1 MIMO Sounding Unit and Antennas
3.1.1 Bandwidth, Carrier Frequency, and Output Power

The maximum bandwidth of the currently available system
is 120 MHz. For a delay spread in the range of up to 1 us,
we can hence expect a time bandwidth product of up to 100.
Under normal conditions, we expect delay-spreads which are
a factor of 10 lower than that; hence, the systems works with
a time bandwidth product of about 10 which stiil suffices to
achieve a reasonable benefit with TR.

The carrier frequency of the system is in the ISM band
at 2.4 GHz. Unfortunately, the available transmsission band-
width is limited to 83 MHz. According to FCC regulations
on RF devices [7], the maximum allowed EIRP is 4 W, the
maximum transmit power is 1 W. The additional 6 dB can be
achieved by a suitable choice of transmit antenna.

A second suitable choice would be the ISM band at 5.8
GHz with an available bandwidth of 150 MHz. However, as
the free space attenuation is higher and thus reduces trans-
mission range, we decided to perform the demonstration at
the lower carrier frequency.

The output power of the system is limited to 1 W.

3.1.2 Signaling

The sounding signals, and in particular their power and
power spectral density distribution, are designed in fre-
quency domain. The signals used for channel estimation
have constant maximum amplitude over frequency and their
phase is designed to minimize the crest factor and hence
maximize average output power. Since all signal processing
is performed in frequency domain, instead of estimating and
time-reversing the CIR, the transfer function (TF) is complex
conjugated in frequency domain.

3.1.3 Antennas and Switching

In our system, the antenna elements in an array of the sounder
are switched. In this case the number of channels is essen-
tiaily limited by the number of available switches and an-
tennas and the maximum measurement time for which the
quasi-static channel assumption still holds. For the TR ex-
periments, arrays with 4 and 8 antennas will be employed.

Since TR requires a large angular spread, omnidirectional
antennas are most advantageous. However, the range that is
reqiured to be large in order to obtain a large delay spread
would benefit from high gain antennas. The compromise be-
tween these two constraints are basestation type transmit an-
tennas (very narrow vertical and wide horizontal beamwidth,
gain about 12dBi) and slightly directional antennas (very
wide horizontal and wide vertical beamwidth, gain of 6 to
10 dB).

3.1.4 Synchronization

The synchronization is done by using very stable reference
clocks at 10 MHz (e.g. Rubidium standards). The clock sig-
nal guarantees long term stability. In each RF unit, the carrier
signal is generated independently by low-noise PLLs.

3.2 Feedback Loop

In between the CES and the TRS, the estimated channel data
has to be transferred from the receiver to the transmitter. The
transferral time must be much shorter than the coherence
time of the channel. The data rate of the link becomes hence
a critical parameter. A single complex CIR with about 1000
taps and 8 bit resolution has a size of about 16 kbit. Assum-
ing a time invariant channel with Doppler frequency of 1 Hz,
a realistic transmission time should not be longer than 0.2 s;
consequently, the FL needs a data rate of at least 80 kbit/s per
CIR that is transferred.
The following options have been evaluated.

3.2.1 Microwave Link

A microwave link is advantageous in terms of data rate,
which is in the order of Mbit/s, and in terms of flexibility. Mi-
crowave links can be established whereever the experiment is
to be performed. However, TR experiments are likely to be
conducted in environments with large delay spreads. Here,
the TR sounder will operate at maximum EIRP allowed by
the FCC regulations. This limit holds for the microwave link,
as well. In areas where the SNR of the TR experiment is low,
that of the microwave FL is low, too. The link quality can
be improved by using directional antennas mounted on high
poles, but this requires difficult adjustments and large efforts
in the preparation of the experiment.




3.2.2 Cellular Systems

Currently available cellular systems such as GPRS offer great
flexibility without the need for heavy experimental equip-
ment. Their main drawback is their comparably low data rate
(order of 100 kbit/s for GPRS) and, in particular, the unreli-
able transmission delay. Since the data rate offered does not
provide much overhead compared to the data rate required,
the application of current cellular services for the FL appears
risky, in particular if the Doppler spread of the channel may
at times exceed 1 Hz.

3.2.3 Wired Network

_ The wired network offers tremendous data rates; the main
drawback is the inflexibility of its access. However, most TR
experiments will be conducted in urban areas, where wired
access to the internet can be expected to be in range. A wire-
less network system (WLAN) such as one based on the [IEEE
802.11b standard still offers data rates in the order of Mbits
and can be employed to bridge the gap between the experi-
mental device to the next wired network connection.

The final decision about the best link depends on the
availability of particular services, on local network traffic,
and the Doppler spread of the channel. The sounder itself is
equipped with RJ45 connectors and can be hooked up to any
of the above-mentioned systems.

3.3 The TRSPU

The role of the TRSPU is to coordinate the three steps on
which the operation of the sounder is based. Since it also
performs the nessecary signal processing, it is located in be-
tween the RF and the data storage unit of the receiver.

3.3.1 The Different TR Modes

The tasks of a TR sounder are at least threefold: 1) It must
demonstrate spatial and temporal focusing when TR exper-
iments are performed with a) a single, or b) multiple trans-
mit antennas. 2) It must be flexible to allow further research
about benefits of TR, i.e. for multiuser (MU) communica-
tions. 3) It should be backwards compatible. Since it is based
on commerical MIMO technology, MIMO channel measure-
ments should still be possible with a TR sounder. It turns out
that 4 different TR modes evolve from these requirements:

1. MIMO Measurements: :
For MIMO measurements, the TRS is omitted. The
sounder performs a predefined number of channel esti-
mations and no TR transmissions.

2. SISO-TR:
In the CES, the channel estimation is performed »; times
with a single transmit and a single receive antenna. The
received TFs can be averaged to obtain a better estima-
tion of the channel. The TRSPU complex conjugates this
TF, multiplies it with the Fourier transform of the used
transmit sequences, and sends it via the FL to the trans-
mitter. The transmitter loads this sequence and transmits
its Fourier-inverse into the channel. Now, in the TRS, the
TRSPU provides a second switching table and the RFRx
switches through the antenna array. At the one receive
antenna that is used in the CES, the detected CIR is com-
pressed. At all other antennas, a noise-like signal ap-
pears. After n, transmissions, the CES is repeated. This
mode is the simplest and best suited to demonstrate TR.

IFFT Te
Xw) RFTx / / He (@)

From

Feedback Loop

/ Upper Layer To Storage/ Display/
Uppa Layer

Figure 2: The lower layer of the TRSPU, synchronized with
the SGTx.

3. MU-SIMO-TR:
In this mode, MU communication with TR can be
demonstrated. The CES is performed with a single trans-
mit antenna and an antenna array at the receiver. Concep-
tually, it works similar to the SISO-TR mode, except that
the TFs of all receive antennas are estimated. The TF es-
timated at each antenna is multiplied with a message that
is to be sent to this antenna; the sum of all these products
is fed into the FL and retransmitted in the TR-mode. The
channel acts now as a filter; each receive antenna receives
only its intended message, and all the other messages as
noise.

4. MISO-TR:
In the original underwater acoustic applications, TR is
performed with a transmit array. Each transmit antenna
focuses its signal on the same receive antenna, so that
the focusing is enhanced proportional to the number of
transmit antennas. Since in our application, the arrays
are switched, the superposition of the signals can only
be done by software. Also, the switching requires short-
term phase stability at the transmitter.
This 4th mode is not only the most demanding with re-
spect to synchronization, but also with respect to the data
rate on the FL, since as many CIRs must be transferred
as there are transmit antennas.

3.3.2 Double Layered Structure of the TRSPU

The TRSPU is implemented in a double-layered structure.
The lower layer runs synchronized with the SGTx and is as
such displayed in Fig. 2. The SGTx receives a sequence from
the FL, transforms it into time domain and hands it over to
the RFTx. The TRSPU receives the demodulated signal from
the RFRx and computes the conjugate of the received CIR
via an FFT and division by the sequence used for channel
estimation. This layer is run in all modes of the sounder, be
it MIMO channel estimation, or one of the two stages of the
different TR modes.

The upper layer bascially determines the TR mode, as
described in Subsection 3.3.1. Each mode is defined by par-
ticular numbers n; and n, for the duration of the CES and
the TRS, and the one (for the MIMO mode) or the two (for
all other TR modes) corresponding switching tables that are
provided to the RFRx. The upper layer is software-defined.
This allows any user to make changes in the setup; in partic-
ular, the TR modes can be embedded in more sophisticated
high-level transmission schemes, e.g., schemes that adapt the
numbers n; and n; to particular channel conditions.

An example of the SISO-TR mode is shown in Fig. 3. For
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Figure 3: The SISO mode as triggered by the upper layer of
the TRSPU.

a given transmit antenna Tx(0) and an intended receive an-
tenna Rx(0), the TF H{®, (0,0)) is estimated in the first step.
In the second step, it is multiplied with the Fourier transform
of a transmit sequence and transmitted to the FL. In the third
step, the sounder transmits these combined sequences until it
again enters the first step.

4. CRITICAL SPECIFICATIONS AND SOURCES
OF ERROR

4,1 Range and Power

TR works best in environments with large delay spreads, i.e.
over large distances. Consequently, the demands on the link
budget are high. The critical parameters are here the pathloss
exponent, the maximum and average transmit power deter-
mined by hardware and FCC, the bandwidth and the car-
rier frequency, the antenna gains, the correlation gains, the
sounder’s sensitivity and the target SNR. Initial computa-
tions result in a range of about 600m for the described system
with a target SNR of 30 dB in a cluttered environment with a
pathloss of g = 3.5: This range corresponds to a propagation
time of 2pts which is considered sufficient to create a delay
spread of up to 1us.

4.2 Feedback Loop

The FL is the bottleneck of the sounder. As discussed in Sub-
section 3.2, the data rate required for the feedback is about
80 kbit times the number of CIRs to be transferred. Depend-
ing on the mode, only one CIR, or as many as there are trans-
mit antennas, have to pass the loop.

If links with a data rate in the order of Mbits such as
a wired network or a wired network in conjunction with a
WLAN are used, the transmission time itself is much shorter
than any residuary Doppler of the channel within the obser-
vation period. However, other traffic in the network can delay
packet transmission. Initial experiments showed that packets
of the size of 64 kbit had travel times of about 130 ms on an
11 Mbit WLAN and 20 ms on a local 100 Mbit LAN.

4.3 Phase Noise

TR requires exact phase information at the transmitter. Inac-
curacies in the phases occur since a) the channel is not per-
fectly time variant, b) the LO signals derived by PLLs from
the 10 MHz reference have phase noise.

The time variance can be overvome if the data rate of the
FL is large enough (Subsection 3.2 and 4.2).

Phase noise destroys the coherent superposition of sig-
nals transmitted from multiple antennas. Since it enters both
at the transmitter and the receiver, it will reduce the received
power by a factor of cos(a$) + a¢2), where a¢y, i = 1,2 are
random variables that describe the phase fluctuations of the
transmitter’s and the receiver’s oscillators. For phase errors
less than 15°, this yields a performance loss of about 10 % in
SNR, which is tolerable. For switched antenna sounders this
is less of a problem with respect to TR.

5. CONCLUSIONS

This paper introduces time reversal (TR) as a promising
transmission technique for wireless communications. We
propose the design of a prototype device that will allow the
demonstration of the benefits of TR. This prototype is heavily
based on commercially available systems and components,
implementation and development costs are kept at a mini-
mum. The core of the device is a commercially available
MIMO broadband channel sounder. It can be connected to
various types of publicly available networks which serve as
a feedback loop. Its key component is the TR signal pro-
cessing unit, which can operate in several modes and offers
flexible handling of the entire device.
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Abstract

We propose to apply a technique called time-reversal to UWB communications. In time-reversal a signal is precoded such
that it focuses both in time and in space at a particular receiver. Spatial focusing reduces interference to other co-existing systems.
Due to temporal focusing, the received power is concentrated within a few taps and the task of equalizer design becomes much
simpler than without focusing. Furthermore, temporal focusing allows a large increase in transmission rate compared to schemes
that let the impulse response ring out before the next symbol is sent. Our paper introduces time-reversal, investigates the benefit
of temporal focusing, and examines the performance of an MMSE-TR equalizer in an UWB channel.
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I. INTRODUCTION

Ultra-wideband (UWB) has become a suitable candidate
for high-data rate, short range communications. Due to the
large operation bandwidth, the resolution in delay domain is
extraordinary, so that even in a dense-scattering environment,
the probability of fading is low. Since for the generation
of these ultra-short pulses, no filters are required, it was
considered that UWB devices are cheap to produce.

Recently, however, several drawbacks have been noted.
Even though UWB transmitters irradiate very low power per
bandwidth, they can potentially interfere with many systems
that have frequencies assigned in the low GHz range [1].
Furthermore, multipath fading may be low, but in order to
catch about half of the energy that is distributed in the
entire impulse response, RAKE receivers with at least 20, but
potentially many more taps must be constructed [2], [3]; for
handsets, such a design is not low-cost.

We claim that both these drawbacks can be overcome
if UWB is combined with a transmission scheme which is
called time reversal (TR). This scheme has its origin in wide-
band transmission in under-water acoustics [4], [5], [6], {7]
and ultra-sound [8], [7] and has recently attracted attention
of wireless communications engineers [9]. In TR, the time-
reversed channel impulse response (CIR) of any transmit-
receive link is taken as a prefilter at the transmitter. If such
a time-reversed sequence is irradiated into the channel, its
components retrace their former paths and lead to a focus
of power at the intended receiver at some particular time
instant. For UWB communications, this strategy has several
advantages. Focusing power means that the receiver needs only
very few taps to capture a significant amount of the power
in the channel. Essentially, the complex taks of estimating a
large number of channel taps is removed from the receiver,
which may be a low-cost handset, to the transmitter. In
addition, the rate of the system can be increased. Whereas with
proposed pulse-position modulation schemes the time between
the repetition of two pulses is chosen to be sufficiently larger
than the length of the CIR [10], focusing of power means
that the repetition rate can be increased. At last, the spatial
focusing that comes along with TR yields lower interference
with other communication systems.

In this paper, we apply TR to a single user downlink
scenario of an UWB channel. In order to assess the usefulness
of TR, we define a time-compression factor which measures
the fraction of the emergy in the non-focused components
of the channel versus that in the main, focused peak. For a
channel with iid complex zero mean circularly symmetric taps,
50% percent of the entire CIR’s energy can be captured with a
single tap receiver. In real channels, this ratio is slightly lower,
which we show with the aid of experimental data from UWB
measurements.

Since the scattered components are usually widely dis-
tributed over the delay axis, a receiver that wants to capture
more than 50% of the signal energy in the effective CIR must
use some equalization technique. We propose an TR-MMSE
equalizer for this purpose. We investigate the performance of
this equalizer on real channel data and show that it can operate

at sampling rates which are much higher than the inverse of
the length of the CIR of the channel; no ringing out of the
impulse response is required.

This paper is organized as follows: in the second section, we
introduce TR and define and investigate the time compression
factor. Also, the signal model is described and the principles
of the TR-MMSE equalizer are outlined. In the third section,
we first investigate the time compression factor with the aid
of real data. Then, we examine the performance of the TR-
MMSE equalizer in term of bit-error-rates (BER). In particular,
we vary the number of taps and the sampling rate. We conclude
in Section IV.

II. THEORY
A. Time Reversal

The transmitter uses the time reversed complex conjugate
of the CIR as the transmit prefilter. We denote this CIR by
h(ro, ), where rg is the receiver location and 7 is the delay
variable. Applying the complex conjugate h*(rg, —7) as the
prefilter, the effective channel to any location r is thus given
by the time reversed field

s 2 A= ehEn) ()
where ® denotes convolution and the factor -\7% normalizes
the transmit power with the square root of the channel’s
energy, Eg = [ |h(ro,7)|%dr.

A convolution with a time-reversed signal is equivalent to
a correlation. We see from (1) that the focusing relies on the
decorrelation of CIRs in the delay and the spatial domain. In
a rich scattering environment, a CIR can be considered as a
random code sequence that is assigned to any transmit-receive
pair. The auto- and crosscorrelation properties of this sequence
are given by nature; unlike in CDMA, they come without
any additional bandwidth spreading. In UWB, these sequences
are particularly long. The benefits of time compression are
crucial, and the shortening of the CIR reduces the complexity
of equalization at the receiver.

The decorrelation of the CIRs is obviously best in a
rich scattering environment. Physically, one can consider the
ubiquitous locations of the scatterers to form a large virtual
aperture which enables focusing even with a single antenna
down to the diffraction limit. A simple but effective measure
for the focusing capability of a TR channel is the delay spread-
bandwidth product which roughly gives the number of taps
that the CIRs has. For an initial evaluation of the benefits of
TR we refer to [9].

B. Temporal Focusing

"In a multipath environment, the channel’s energy Ex is
spread over delay. It can be decomposed into a term Fjp
which describes the fraction of the energy in the direct path,
and a term Fg, describing that of the multipaths. In a strong
multipath environment such as given for UWB, we have the
ratio Es/Eg > 1. If the channel is slowly time-variant, the
quantities Eg, Fy, and Ey are random variables. Their mean
is denoted by (.).




In TR, the CIR is compressed and a temporal focus of
energy is visible in the center of the compressed CIR. In order
to characterize the amount of the temporal focusing, we define
the temporal compression ratio as

(EEF")

YTR = (E."ST"R)KEER) = (EgR)

-1 @

where EJF is the energy in the main peak of the received
impulse response, EZF the one in the tails, and EL® is the
sum of the two.

We can compute yrg in terms of either the CIR h(7) or
the transfer function H(w). From (1) we see that the transfer
function HTF(w) of the time-reversed channel is the squared
absolute value of that of H(w). The discrete CIR hTE[], with
a total of L non-zero taps, is

1

W= o [P estedl.  ®
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From this we compute the energy of the Oth tap of the time-
reversed channel,

™

BE®) = (W) = gz [ IHE)PwP)
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= ((Es+ Eo)®) = (E}) | 4)

and the energy of the entire channel,
. L ["
(BFY = Ol @ [-U1%) = 7t |H(w)l*dw) (5)
l havig

where the frequency domain representation on the right hand
side of the equation follows from Parseval’s theorem. Whether
a time domain or a frequency domain representation is more
desirable depends on in which domain information about the
channel is available.

If we evaluate expression (5) further in time domain for L
identical and independently distributed taps with equal power,
we can, derive the time compression factor as

rr _ Bi+2(L-1)53
Ba+(L—-1)53

Here, 3> and 3, denote the second and the fourth moment of
the amplitude in each tap, respectively. For L = 1, one has
~TR = 0; with increasing L it converges to 1. Hence, in the
time-reversal channel, the ratio of the energy of the zeroth tap
to the sum of the energy of all the other taps converges to a
fixed value.

If h{l] is a complex Gaussian random variable with mean
0 and variance (Ey + Eg) = (Ey), we have 83 = (Ey) and
B4 = 2{Ex)?. Hence,

_ ZL(EH)z 1= 2 _
TR = B2 +(L-1)(Ea)?  1+1

~1. ©6)

1. ()

For large L, the power in the tails of the impulse response
becomes about equal the power in the peak. Hence, even
though ISI can be significantly suppressed, any system without
equalization operates at best at 0 dB signal to ISI plus noise
ratio. For small L, the compression works in the mean better
than for a large one, even though the difference quickly levels
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Fig‘. 1. Schematic of TR impulse ATg and truncated TR CIR h% . In this
toy example L = 29, Ly = 9 and the number of effective taps (marked as
filled circles) is 5.

out. But the probability that a channel realization occurs that
does not focus at all (i.e., all channel taps are real and have
the same magnitude) is much larger than for long sequences.

C. Signal Model and TR-MMSE Equalizer

The transmitter modulates symbols s using a pulse shaping
fitter ¢(7) of bandwidth B = 1/T. It then performs TR on
the pulse stream. Thus:

o(t) = Y skt — kMT,) ® h*(—t) ®)
k

where h(7) is the (infinite bandwidth) CIR. After matched
filtering the received signal can be written as:

y(t) =Y skd(t — kMT,) ® h*(—t) @ h(t) ® ¢* (—t) + n(t)

k
9
The receiver then samples y(t) at IMT:

yll] = y(IMT) =Y schrpll — k| +nll],  (10)
k

where hrgr(t) = h(t) ® h*(~t), h(t) = h(t) ® #(t), and
hrrlk] = hrr(kMT,). The sampled received signal is thus
the convolution of the symbols with a downsampled-by-M
version of hrg(.).

Due to the temporal focusing described above the equalizer
at the receiver does not have to use the quite long (time-
reversed) CIR. Instead the equalizer uses a “shortened” TR
CIR by keeping only a few taps which capture most of the
energy of hrp and still achieve very good performance. More
precisely, we construct a shortened TR CIR A% of length L,
as illustrated in Fig. 1 by defining

hrr[l] if |hrr[l]] > 6,
0 else,

hepll] := { an
for |l| £ Ls/2 and Ly = max{l : |hrr[l]| > 6}. Here § is
an a priori chosen tolerance level that depends on the target

SNR. For convenience we will rename the indexing of h%p
such that hS., = [h$.5[0], ..., h$g[Ls — 1]]*.




The symbols are transmitted one block at a time with a
guard period of length L,. The output of the channel is:

y[m] = (¢ ® hrg)[m] + ng[m]

Here z[m] is the input signal m = 0,..., N — 1 and y[m] is
the output signal m = 0,..., N + L — 2. In matrix notation
this can be written as Toeplitz-type system

y = Hrpx +npg

where y = [y[0]...y[N + L — 2]]7 and x = [z[0]...z[N —
1]]T. Using h%.p, instead of hrg for the MMSE equalizer we
replace Hrg by the matrix H}.; of size (N + L, — 1) x N
given by

T ohgRll] 0 ... 0
FrlLs — 1] . :
Hip = 0 0 :
7rl0]
i 0 . 0 hSglLe—1] |

and the matrix equation for the MMSE estimator becomes

1 -1
X= ((H%R)' TR+ Wl) (Hzg)"y-
Assuming the transmitted symbols are from a BPSK alphabet,
we can now decode X by looking at the sign of each element.

We note that H7. is a sparse Toeplitz matrix, thus % can
be computed efficiently by combining sparse matrix techniques
with fast Toeplitz solvers [11].

III. SIMULATIONS
A. Measurement Data and Temporal Focusing

Measurements were conducted with a network analyzer by
Intel Corp. at off-peak hours to ensure channel stationarity.
The environment is an office space (40m x 60m) with many
cubicles; measurements were conducted at several locations.
They span a bandwidth of 2-8 GHz with 3.75 MHz frequency
resolution. Antennas are vertically polarized. The measure-
ments are corrected to compensate for the system components
(including cable, gain stages, and antennas). The height of
the transmit antenna is about 2.5m and that of the receive
antenna is 1m above the floor. As a sample result, Fig. 2
shows the CIR (above) and the time-reversed CIR (below).
The compression is clearly visible. Still, this figure is not
suitable to tell the ratio between the power in the peak of
the time-reversed impulse response and that in the tails. In
order to demonstrate this ratio, we plotted in Fig. 3 the time
compression ratio yrg for a CIR length between 1 and 500
taps, where the entire length of the CIR is fixed at 1/3.75MHz.
The curve was actually computed in frequency domain; in
order to suppress fluctuations due to the randomness of the
samples, a sliding window was implemented, so that v was
actually averaged over all available frequency samples.

0 KK 15 2 25
Time Delay [3}

Fig. 2. Impulse Response of the chanmel (above) and of the time-reversed
channel (below)

200 300 400
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Fig. 3. In the TR channel, the ratio between the eneregy in the main tap and
the energy in the tail of the CIR converges for independent taps to a fi xed
ratio.

For a small number of taps, the curve coincides very well
with the theoretical one. At about 200 taps, the maximum
theoretical value of 1 is exceeded; beyond that, correlation
between the taps starts to play a role and the power in the
tails of the CIR will be stronger than that in the main peak.

B. Performance of the Equalizer

We used the single channel realization whose magnitude
response at full bandwidth, B, is shown in Fig. 2. Three
cases were considered. Case I has M = 8 (see Eqn. 10) and
bandwidth B. Case Il has M = 4 and bandwidth B/2. Finally
case III has M = 2 and bandwidth B/4. The constellation
was BPSK and no channel coding was used. Thus all the
scenarios have the same data rate and all channels have 250
taps. Fig. 4 shows the bit error rate (BER) curves for these
scenarios when the receiver only estimates the 20 strongest
taps. When M = 2 the curve floors very rapidly since not a
very significant portion of the energy of the CIR is captured by
the largest 20 taps. When M = 4, the ISI energy is due only to
every fourth tap of the TR channel. Thus more of the energy
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Fig. 4. BER vs SNR when the receiver only estimates the 20 largest taps
of the channel. Bandwidth expansion factor of 8 (solid line), 4 (dotted line),
and 2 (dashed line)
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Fig. 5. BER vs SNR when the receiver only estimates the 10 largest taps
of the channel. Bandwidth expansion factor of 8 (solid line), 4 (dotted line),
and 2 (dashed line)

of the effective CIR is captured by the strongest 20 taps. This
effect improves significantly in the case where M = 8. Note
that the case M = 8 uses more bandwidth. However, the BER
floors at a reasonable SNR of 15 dB for UWB. Fig. 5 shows
the BER curves for the same three cases but when the receiver
estimates only 10 strongest taps of the CIR. In this scenario
the error flooring occurs earlier for all the cases. However, the
complexity of the receiver is significantly reduced.

Fig. 6 plots the BER for a different CIR. Here the receiver
estimates the largest 20 taps of the CIR. Comparison between
this figure and Fig. 4 shows that the BER performance is very
similar for these two channel realizations. This is due to the
large diversity available in this ultra-wideband channel.

Fig. 7 shows the BER vs number of strongest CIR taps that
the receiver estimates for equalization at 15 dB SNR. This plot

MMSE TR emor rate vesus SNR
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Fig. 6. BER vs SNR when the receiver only estimates 20 largest taps of the
channel - another channel realization. Bandwidth expansion factor of 8 (solid
line), 4 (dotted line) and 2 (dashed line).
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Fig. 7. BER vs number of strongest taps estimated at the receiver. SNR =
15d8

shows that the BER reduces approximately exponentially with
increasing number of taps. Fig. 8 shows the BER vs number
of strongest CIR taps that the receiver estimates at 15 dB
SNR when the transmitter does not use TR. Figs. 7 and 8
demonstrate the temporal focusing ability of TR. The receiver
requires to estimate much less taps with TR than without it in
order to achieve the same BER performance.

Note that the plots are for the strongest taps. These taps
may not be next to one another. There may be zeros between
any two consecutive strongest taps. Thus the total length in
samples of the estimated channel is in general larger than the
number of strongest taps estimated. However, the complexity
of equalization is approximately the same as if the length of
the estimated channel is equal to the strongest number of taps
estimated.
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Fig. 8. BER vs number of strangest taps estimated at the receiver with
regular transmission. SNR = 15 dB

IV. CONCLUSION

Time reversal significantly reduces the number of taps that
the receiver needs to estimate in order to achieve a certain
target BER. If the CIR has iid complex Gaussian taps the
ratio of signal to ISI power approaches unity as the length of
the CIR increases without bound. We show that this ratio is
very close to unity when the CIR is more than about 10 taps
long.

In order to mitigate the ISI one can fix the bandwidth and
increase symbol spacing by an integer factor of M. The larger
M, the less taps of the CIR the receiver needs to estimate in
order to attain a reasonable BER. However, larger M means
more wasted bandwidth. With no channel coding and by only
estimating the 20 strongest taps out of approximately 250
channel taps, the receiver can reach 10~2 BER at around 12 dB
SNR with MMSE equalization and M = 8. In order to achieve
such a performance without TR, the receiver needs to estimate
almost all the taps of the CIR.
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EXTENDED ABSTRACT

We study the possibility to transmit data over chammels with
large delay spreads under the constraint of a very simple re-
ceiver which has only one tap. Such a scheme is of interest
when a cost-efficient way to transmit potentially large data rates
is sought. We investigate the performance of the optimal pre-
filter for this scheme, and compare it to a simplified, so-called
time-reversal, prefilter which has very low complexity. Time
reversal filters have in connection with wireless transmission
over large bandwidths their origin in underwater acoustics and
ultrasound [1]. Their application to wireless communications
was recently demonstrated on UWB data [2]. Atlow SNR, the
optimal prefilter and the TR prefilter are equivalent. At high
SNR, the time reversal prefilter achieves a performance that is
independent from the delay spread of the channel and hence the
same for any bandwidth.

In this contribution we derive analytically the performance
of the discussed system. We discuss the impact of multiple
transmit antennas and of a transmission scheme that uses rate
back-off, i.e., it transmits at a rate lower than the inverse of the
bandwidth., If bandwidth is abundant, such as it is the case in
Ultra-wideband communications [3], our proposed scheme can
achieve a reliable quality of service at high data rates with a
single tap receiver. We mention that our setup corresponds to
the downlink of an access point to a handheld. In principle,
our analysis holds equivalently for a simple transmitter with a
receive equalizer with a large number of taps.

A. Prefiltering for Long Delay Spread Channels

A block diagram of the system under study is given in Fig. 1.
The transmit symbols z are fed into equalizers g; and then trans-
mitted through the channels described by their channel impulse
responses (CIRs) h;, i = 1,..., My, and My is the number of
transmit antennas. The noise is denoted by 7, and the receiver
has a single tap whose gain is denoted by 3. Since with very
large delay spread the transmit prefilter is not likely to eliminate
inter signal interference (ISI) completely, we allow that the sys-
tem does not transmit at full rate (inverse bandwidth), but at a
integer fraction of this rate, which we call D. The input-output

Fig. 1. A block diagram of a MISO system with a preequalizer at the trans-
mitter and a single tap receiver.

relation of this system can be written as

Mz
y PR = B33 (ks gi)[Dllalk — U + rlk] (1)

i=]

where y!P1[#] is the output symbol at time k. The rate back-off

factor D = 1, ..., L is equivalent to upsampling the signal be-

fore transmission by a factor of D, and L is the channel length.
We derive the optimal prefilter solving the minimization

problem
gsn = argmax E[|| xiSHg + Bnlk] — z[k — A ||?]
st E| gPgll=1. @

The product Hg is the convolution of the prefilter and the chan-
nel, the latter stacked into a toeplitz matrix, and NV is the length
of the filter. The vector g is given by

g=[gl0]” gIN —1JT|” 3)

and .

gll] = [a1l] a1t 1=0,...,N—1. “
A is the delay of the equalizer and is approximately %
The difference between this formulation and the one where the
equalizer is placed at the receiver is the transmit power con-

straint. The above problem is convex in g and 3 and can be
solved analytically using the method of Lagrange multipliers:

n 1 H o? - Ha
g8,N = E H"H+ FI H"éa ®)
2 -2
8% = &IH (HH H+ E’FI) H 8 6)
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Fig. 2. The effective channel as generated by TR (dashed line) and the MMSE
fi ter (cont. line)

Eq. (5) defines a filter with an MMSE-type solution with a
finite number of taps. We notice that the optimized value for 8
bascially ensures that the power constraint of the filter is valid.
In the transmit-receiver chain of Fig. 1, 3 has no effect on the
SNR at the receiver; it ensures, however, that the transmitter
can take into account the SNR to optimize the preequalizer.

We introduce a simplified filter which we call TR-prefilter
and which basically is a matched prefilter; it follows from the
optimal filter (5) for low SNR,

an = gp 5o
st |[hi=1, ™

or

-1

with y = (LM LIS lZ) , ice, the filter equals the
time-reversed CIR of the channel, and the receiver receives the
autocorrelation function of the channel. The power in its central
peak is maximized, but the ISI suppression is worse.

The CIR of a pre-equalized channel with originally 50 taps
and constant power delay profile is shown in Fig. 2; for the
computation of the MMSE filter, p = Pr,/o? = 5 dB was
assumed. The dashed line is obtained from the MMSE filter, the
continuous one from the TR prefilter. We see that the prefilters
compress the CIRs significantly around a strong peak. The ISI
of the impulse response obtained with TR is higher than that of
the MMSE filter, but its peak is slightly higher, too. For a large
number of taps, the peak is essentially non-fading which yields
reliable system performance.

B. Performance Evaluation of the TR filter

For performance evaluation, we denote by Py and Q2] the
instant useful power and the ISI power, respectively, and define
the effective SNR pes5 as

Pr,E[Py] E|[Py]

@®

PeftP = Pr E[QP + o E[QPN+1°

We furthermore define the matched-filter bound SNR pjspp as

Pro B[ 3 hallll?
e ©
Combining (8) and (9) we have that the effective SNR ofa TR

communication system with My transmit antennas and a rate-
back off of D is

PMFB =

! (10)

Peff,D = PMFB PR

L+ pMFBEpra]
In our paper we will present a formula for the ratio of the use-
ful power against the ISI power, E[Prg]/E[Q'0] for a chan-
nel with exponentially decaying power delay profile and delay
spread o,. Using this result, we derive the following limiting
cases:

Peff,p = pmrp foro, —0 (1)
DMrprmrs

e ——— foro, — 12

Pest.D pMrB + DMy (2

Eq. (11) tells that a TR system is lossless shonid the delay
spread of the channel be very small. Eq. (12) can be split into a

low-SNR and a high-SNR regime as
pess,p = pmrFB Tor pyrplow, o, large  (13)
peff, 0 = DMy for pyrpg, o, large. (14)

Eq. (13) shows that TR is optimal at low SNR; this behavior is
expected for a transmit matched filter. Numerical results pre-
sented in the final paper will show, however, that the low-SNR
region ends at about 0 dB which not sufficient for reliable com-
munications. Eq. (14) demonstrates that in an environment with
a large delay spread o, the performance of a TR system at
high input SNR saturates at a value independent from the delay
spread of the channel. The performance increases with 3 dB per
added transmit antenna, and with another 3 dB for each rate-
back off of a factor 2 from the maximum available bandwidth.
We will also include simulations that show that the central tap
is non-fading.

If bandwidth is abundant, we can hence design a commu-
nication system with a very simple receiver that has only one
tap and does not need to perform channel estimation. This tap
is non-fading and the effective SNR is not a function of the
bandwidth of the system. Varation of transmission rate or us-
ing some particular number of transmit antennas guarantees any
reasonable quality of service. In our final paper we will discuss
the derivations and results presented here more thoroughly, give
some numerical examples which highlight some of the analyti-
cal results, and point out future applications of the investigated
system.
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Abstract— Channels with large delay spreads, which typi-
cally arise when large bandwidths are used, are considered as
disadvantageous for wireless communications. However, despite
their challenges, these channels also offer opportunities. The
application of time reversal techniques may be one possibility

to exploit these advantages and to make communications in -

channels with large delay spreads more feasible. This paper
describes advantages and draw backs of time reversal techniques
in broadband wireless communications, and outlines concepts,
goals and potential improvements. The properties of time re-
versal in various simulated and measured wireless channels are
demonstrated, and system design is discussed.

1. INTRODUCTION

While there is little doubt that future communication sys-
tems will have to accomodate larger data rates, the natu-
ral solution consisting of increasing the bandwidth brings
a number of open challenges. In this matter, time reversal
(TR) techniques could play a role in the design of broadband
wireless communications. In TR, channel state information
(CSI) at one or possibly more transmit antennas is used to
precode transmitted symbols with the time reversed version
of their respective channel impulse responses (CIRs). These
“time reversed” waves propagate in the channel, retrace their
former paths and eventually lead to a focus of power in space
and time at the receiver [1}-{3). In rich scattering media, this
space-time compression can be very strong, and at the focal
point, the effective channel obtained through TR is hardened.

Spatial focusing [4] means that the spatial profile of the
power peaks at the intended receiver and decays rapidly away
from the receiver. Temporal focusing means that the CIR at the
receiver has a very short effective length. Channel hardening
is the phenomenon of tightening of the distribution function
of the effective CIR’s power.

Using TR for wireless communications in channels with
large delay spreads presents therefore three merits.

« The temporal focusing compresses the channel’s energy
into one single peak with very low sidelobes. The task of
equalizing the channel is hence significantly simplified.

« The spatial focusing can result in much lower intercept
probability and co-channel interference in a multi-cell
system. By selectively focusing the energy in both space
and time at a target point, TR ensures that intercept

receivers will have difficulty detecting or decoding the
intended signal.

o Through the channel hardening, TR provides high diver-
sity gain. The statistics of the time reversed channel are
different from the actual channel. Specifically the time
reversed channel has a much smaller variance than the
physical channel itself.

Time reversal is well known in acoustics and has lead to re-
markable applications in underwater sound [S}{13] and ultra-
sound [14]-{16]. The extension of TR techniques to wireless
communications has yet to be precisely investigated, although
the idea of exploiting scattering has recently been proposed
in {17}-{20]. From a communication engineer’s viewpoint, TR
shifts the system’s matched filter from the receiver side into
the channel. The complexity of the transmitter increases; the
receiver captures a preequalized CIR which is, in the case of
large delay spread channels, much simpler to equalize than the
original one. Research on TR touches a number of different
research areas. Seen as a preequalizer, TR is known as a
transmit matched filter {21] or pre-rake [22] which has been
studied in connection with CDMA but not at very large delay
spreads, where spatial and temporal focusing comes into effect.
TR has to be compared to optimal schemes (e.g. [23], [24]).
Complexity will become a major issue since delay spreads of
100 or more taps can make many known optimal schemes
infeasable. The spectral efficiency is also of great interest.
TR does not use the capacity achieving power allocation [25],
but in fading channels, an increased bandwidth yields channel
hardening which could increase outage capacity. Finally, many
practical issues need to be addressed. At which bandwidth
does it become advantageous to precode transmitted messages
in order to shorten the channel, and which precoding method
should be applied? At which size of a network does it
become useful to shift complexity from several receivers to
one centralized transmitter? We believe that the recent interest
in transmission over very large bandwidths such as provided
by the standard IEEE 802.15 [26] is a good incentive to rethink
many of the long known methods that were invented to deal
with channels of low and moderate delay spread. We propose
TR as a suitable starting point for these investigations, as it
clearly points out the potential gains that high-delay spread




channels may offer despite their draw backs.

Here, we shall present an initial study of TR applied to radio
wireless systems. In Section I, we briefly introduce TR, to-
gether with the formalism used in this paper. In Section I11, we
compare the rate of a TR system to one that uses waterfilling
and we simulate the cumulative distribution function of the rate
of such a system in a fading channel. Section IV deals with
the characterization of time-reversed random fields in wireless
channels. To this end, we first define suitable metrics in order
to characterize temporal and spatial focusing. Then we present
measured results of TR space-time focusing in an indoor Ultra
Wide Band (UWB) radio channel in the 2-8 GHz band [28].
To provide more insight in the space-time focusing results, we
finally perform simulations for broadband systems (bandwidth
up to 100 MHz) using two very different channel models at
2.5 GHz [27].

In Section V, we investigate the applicability of TR to
wireless data transmissions. We examine how TR performs
compared to opfimized linear precoding, and we compute bit
error rates of both a TR and an optimized system [29]. We
describe in Section VI how commercially available MIMO
channel sounders can be converted into sounders that can be
used for real-world TR-channel measurements, and we finally
conclude in Section VII

II. TIME REVERSAL FORMULATION

Consider a transmission between transmit point P and
receive point Q. The CIR is denoted as h(7,P — Q). It
is important to note that the usual symmetry properties imply
that (7, P — Q) = h(7,Q — P). v

The so-called CIR is actually the convolution of the infinite-
bandwidth physical channel response and the filter impulse
response of bandwidth B, e.g. a Nyquist filter with given roll-
off factor.

Depending on the scattering channel and the bandwidth,
the CIR results in a temporal spreading of the initial pulse.
Scatterers indeed create multipath mechanisms which, in turn,
cause echoes to arrive at the receiver with different delays.
However, the resolvability of the different delays depends
upon the ratio of the inverse of the bandwidth to the physical
channel spread (i.e. the interval between successive delays).
The smaller 1/B is relative to the channel delay spread,
the larger is ‘the number of resolved paths. As an important
conclusion of the above discussion, it can be expected that the
B x 1rms product will play a significant role in TR focusing
results.

Using the proposed formalism, the received signal at any
point R for a pulse emitted from Ry is h(r,Ro — R).
At a particular point T, which we define as the transponder,
h{r,Rq — T) is captured. If the transponder sends back the
time reversed version of the captured signal, i.e. A(—7,Rg —
T), then at any point R, the received signal can be expressed
as

s(r,R) = (7, T - R) xh(—7,Ro — T) (1)

where x denotes the convolution product. Note that (1) as-
sumes a perfect estimation of h(7, Ry — T). In practical
settings, noise and interference considerations will cause this

estimation to be biased. It should also be remembered that
s(7,R) is related to the bandwidth B.

From now on, we define the point R = Ry as the focal, the
target point or simply the receiver. Furthermore, when there is
no ambiguity about the transmitter position, we also drop the
symbol T and the arrow in the notation of the CIR.

Based on (1) and on the symmetry propertics mentioned
above, the signal received at Ry is

s(7,Ro) = h(7, Ro) x h(—7, Ry) 2

As a consequence of (2), the time reversal operation causes
the received signal at Rg to be focused in both time and space
through constructive interference, meaning that all multipath
signals add coherently at Rg, and incoherently elsewhere.

Models usually compute the channel transfer function
H{w, Ryp) over the system bandwidth (where w is the angular
frequency). It is the Fourier transform of (7, Rg). Relation-
ships (1) and (2) are easily written in the frequency domain,
since the time reversal operation corresponds to a complex
conjugation in frequency (denoted by the superscript *):

5(w,Ro) = H(w,Ro)H" (w, Ro) 3)

According to (3), we observe that the time reversal operation
is equivalent to a perfect channel matching, i.e., the channel
acts as the system’s matched filter. According to (2), we sce
that s(7, Rg) is the autocorrelation function of the channel, so
that there is a second interpretation for TR. We may consider
the CIR as a randomly generated code sequence which is
given by nature. Then, a TR communication system operates
similar to a broadcasting CDMA system with a pre-RAKE
[22]. But the code sequence is not a spreading sequence
in the sense that it spreads transmission bandwidth without
increasing information rate for each single user. In TR, the
fully spread bandwidth can be used for transmission to each
user. However, since the sequence does not have carefully
designed correlation properties but is at best random, the
TR system cannot erase intersignal interference (ISI) and

-multiuser interference completely.

III. CAPACITY AND OUTAGE IN TR SCHEMES

We compare in this section the rate of a TR system to one
that uses waterfilling and simulate the cumulative distribution
functions of the rates of these systems in a fading channel.
TR enforces a particular power allocation scheme, P(w) =
|H(w)|?, which is in general not capacity achieving. The
power allocation strategy inherent to TR is to enhance the
strong components of the channel, and to weaken those which
are less strong. At low SNR, this strategy is related to water-
filling, so that we can expect a close-to-optimal performance.
At high SNR, where a constant power allocation scheme is
optimal, TR is not. We demonstrate this behavior in Fig. 1
in which the mean rate of a TR communication system that
operates in a channel with 50 i.i.d. Gaussian distributed taps
is depicted (dashed line). The rate equals at low SNR the
capacity of the channel (continuous line), and deviates more
and more at higher SNR. Also for comparison, the capacity
of the AWGN channel is shown. It is largest in this picture
since all curves are normalized to a bandwidth of 1 Hz [25].
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decreases.

In channels with a larger number of taps, the outage probability

In fading channels, outage capacity can be more relevant
that ergodic capacity. The cumulative distribution function
(cdf) of the rate of a TR system at 10 dB SNR in channels
with 10, 50, and 100 i.i.d. Rayleigh taps is shown in Fig. 2.
The cdf of the TR system is shown as the blue curves, those
of a scheme that uses water filling in black. The rate of the
TR system has for a particular number of taps a cdf which
is very similar to that of the optimal scheme but shifted by a
fixed amount of less than a quarter bps/Hz to the left. A TR
system in a channel with 50 taps has at an outage probability
of 20% about the same rate as an optimally precoded system
that uses water filling in a channel with 10 taps. The increase
from 50 to 100 taps does not improve the rate at this outage
probability much.

IV. TIME REVERSAL CHANNEL CHARACTERIZATION

A. Characterization Metrics

The space-time received signal s(7,R) is converted into
performance metrics by considering

« the energy of s(7,R) at any point R in space, at a given
time 7y, i.e.

no(R) = |s(ro, R)|? 4

with 7o such that |s(7o, Ro)| = max,{|s(r, Ro)l}.
« the RMS delay spread of s(7, R) (on a realization basis),

Ar(R) = \/ I

where 7, is the average delay defined as

— Tm )?|8(m, R)|2dT
[ 1s(r,R)|?dr

&)

A (R) = / rls(r, R)|2dr/ / |s(r, R)|2dr.

Note that the above definitions assume that the received
space-time signal is sampled correctly in time so that the
maximal amplitude can be captured. An alternative definition
of n(R) would be to consider the peak energy, irrespective of
the time delay:

m (R) = max{|s(r, R)|’}. (6)

Both np(R) or 7ar(R) and AT(R) are random spatial func-
tions, which can be characterized by their first-order moments.
1) Spatial Focusing: The spatial focusing around the focal
point is described by two parameters.
The asymptotic space-focusing gain (SFG) is given by

pp= _ lim 7p(Ro)/mpR). )

|[R—Ro|—o0
It is the ratio between the energy at R to the energy at long
distance from Ry. A large value of this ratio indicates better
space focusing. Note that pys is defined similarly with respect
to 7ar(R), and that pp could be defined at different time
delays, i.e. other than 7.

The 3-dB contour of the energy function 7p(R) or 7ap(R)
can be considered as the focusing region. It is described by
the distance in both range and cross-range for which 7p(R)
or 71as (R) remains within 3 dB below the energy at Rg. The
characteristic parameters G, and G, are therefore defined (e.g.
for np such that:

1D{Ro + Gauta)/np(Ro) = 0.5 (8a)

7p(Ro + Guz)/np(Ro) = (8b)

where u, and u, are unit vectors, respectively in the
range and cross-range directions (i.e. in directions respectively
parallel and orthogonal to the T — R axis).




2) Time Focusing: The time focusing at the focal point is
described by the RMS delay spread of s(m,R) at R = Ry,
denoted as Arg = A7(Ry). Note that this delay-spread is
expressed in (5), and accounts for the pulse width.

Finally, a time focusing gain (TFG) is also suitably defined
by the relative increase of RMS delay spread A7(R) at any
point R compared to Rg. The parameter is denoted as

Ar(R) — Arg
== ©
The asymptotic TFG is given by limp_g,|—c0 o(R). A larger
TFG indicates better temporal focusing in the sense that the
time campression at the focal point with respect to any point
away from the focal point becomes larger.

The performance measures descrived above are random
variables, depending on the channel realization. Hence, they

should be characterized by their mean and variance taken over
all realizations.

o(R)

B. Measured UWB Channels

In this first part, we present CIRs obtained from TR as com-
puted from real data measured with a very large bandwidth.

1) Experimental Set-Up: Measurements were conducted by
Intel Corp. at off-peak hours to ensure channel stationarity.
The environment is an office space (40 m x 60 m) with
many cubicles. Measurements span the bandwidth 2-8 GHz
with 3.75 MHz frequency resolution. Antennas are vertically
polarized. The virtual grid on which the receiver is moved has
a distance of \,, /4 where )\, is the wave length of the mid
frequency of the measurements (5 GHz). The antenna is moved
to a different location with a precise robotic positioner. At each
antenna position, the channel is measured over a 6 GHz band
from 2.0 GHz to 8.0 GHz using a vector network analyser.
The measurements are corrected to compensate for the system
components (including cable, gain stages, and antennas). The
height of the transmit antenna is about 2.5 m and that of the
receive antenna is 1m above the floor.

The CIR is computed by taking the inverse DFT of mea-
surement data.

2) Experimental Results: We evaluated 1y, for 11 different
scenarios. Hereafter, we only consider the two extreme cases
which have the worst focusing and yet they are very similar
to the outcomes for the other scenarios. The first case is
an essentially line-of-sight (LOS) scenario with a transmitter-
receiver separation of 3 m. The second case has a separation
of 11 m and is a typical non-LOS (NLOS) situation.

A 3D plot of nar (R) of these two cases is shown in Fig. 3.
In this figure, the square grid spans a region of 7\, X TAp,
where A, &~ 6 cm. We see that spatial focusing works fine
in both scenarios. In neither of them, however, the peak is
isotropic; both peaks have one direction in which they fall off
faster, and another, in which the decay is slower. The structure
of the peak carrics some information about the geometry of
the environment, i.e., about directions which show faster and
those which show slower decorrelation in space.

The signal power level is at least 10 dB lower at a distance
of 7TA,, than its value at the receiver. This demonstrates the
spatial decorrelation very well.
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Fig. 3. Spatial Focusing nxs (R). One shot spatial field realizations for a)
the line-of-sight b) the non-line-of-sight scenario.

In Fig. 4 we illustrate the time compression of the received
pulse. Displayed are the magitude of the CIR for the LOS
scenario (a), the respective time-reversed, i.e., compressed CIR
(b), the CIR for the NLOS scenario (c), and the compressed
one for this case (d). The channel’s power that is not in
one (central) tap is significantly shortened. Yet, for the LOS-
case, comparably strong side lobes remain visible, since the
deterministic component causes correlation. The CIR of the
NLOS channel is much better compressed in time. Still,
there is some intersymbol interference in the time compressed
field and this would require equalizing the received signal.
However, the time compressed channel has a significantly less
power in its side lobes and is thus less expensive to equalize.

For these two sets of data, we computed the temporal and
the spatial focusing gain which are displayed in Tab. 1. The
TFG is 75% and 30%, respectively, for the LOS and the NLOS
case. The CIR with the stronger deterministic component has
a higher TFG. The SFG is 21 and 42 so that the SFG in the
LOS scenario it is lower. A dominating strong component in
the channel yields higher TFG, but lower spatial orthogonality.

To provide a better physical understanding of these observed
results, we will present in the following a detailed character-
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ization of TR focusing in two different wireless channels at
2.5 GHz: a randomly-filled waveguide and a discrete scattering
channel.

C. Random Waveguide

1) Channel Model: We investigate in this section guided
wave propagation in two dimensions. The interior of a periodic
waveguide is a weakly scattering medium. Signals propagating
through this waveguide experience significant multipathing
yielding a large delay-spread. This model can seen as an ap-
proximation of propagation through hallways inside buildings

TABLE I
TFG AND SFG COMPUTED FROM EXPERIMENTAL DATA.

| TFG (eq. (9) _pum (eq. (6), (7))
LOS 0.75 P3|
NLOS 031 42

or urban canyons.

Here multipaths are caused by two different mechanisms:
reflections from the waveguide walls and scattering by the
medium inhomogeneities. Fig. 5 shows a sketch of the waveg-
uide: two rays are propagating from the source at R to the
transponder T. One ray reaches T after several reflections
from the waveguide walls. The other one reaches T by
multiple scattering on the inhomogeneities. In fact the source
at Ry produces an entire angular spectrum of rays over the
bandwidth, and signals reaching T undergo a mixture of these
two multipathing effects.
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Fig. 5. A sketch of the random waveguide model with two rays from the
source at Ro propagating to the transponder at T' each undergoing one of
the two mechanisms for multipathing: refbction from walls and scattering by
inhomogeneities.

The waveguide width is L, and the distance along the
waveguide between Ro and T is L,. We assume that the
initial transmitted signal at R can be given a limited angular
aperture 9. For the sake of simplicity, the mean refractive index
is chosen as unity (note that changing this value only affects
the overall phase of the computation). The fluctuation is an

_isotropic, Gaussian correlated random function of space, with

RMS height hgms and correlation length £.

To compute the random space-time field, we place equi-
spaced phase screens inside the waveguide separated in dis-
tance by £. Simulating propagation along the waveguide in-
volves combining a sequence of steps from one scr