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ABSTRACT
This paper investigates a combination of two approaches
to obtain high data-rate UWB communication over multi-
path radio channels, using low complexity, non-coherent re-
ceivers. The first approach targets to equalize the occurring
non-linear ISI using trellis-based equalization, while the sec-
ond approach aims to reduce or even avoid ISI by dividing
the spectral resources into (a few) sub-bands. Combination
of both concepts allows for a complexity trade-off between
equalizer and RF front-end. Firstly, a reduced-memory data
model will be introduced for the non-linear sub-band chan-
nels, optimal in the sense of the MMSE criterion. This model
is used to study the relationship between equalizer complex-
ity and performance. The second part of the paper investi-
gates the performance of the complete system, before and af-
ter forward error control. The system uses QPSK-TR signal-
ing, but the key concepts are applicable to other non-coherent
UWB systems as well.

1. INTRODUCTION

In the early days, UWB technology was promised to pro-
vide high data-rate communication to the mass market at very
low-cost, while consuming little (battery) power. Due to the
richness of the multipath channel combined with the high
time-resolution of UWB signals, it quickly became appar-
ent that linear, coherent receiver concepts, known from nar-
rowband systems, become very complex in the UWB case.
Having this in mind, part of the UWB community began in-
vestigating simple, non-linear, non-coherent receiver archi-
tectures. Especially, energy detecting receivers (EDR) [1, 2]
and autocorrelation receivers (AcR) [3, 4, 5] became object
of investigation. From a mathematical point of view, both re-
ceiver types are rather similar. An EDR can namely be seen
as an AcR matched at lag zero. As a result, much of the
insight obtained for one receiver type can be ported to the
other.

In this work, an AcR-based system will be investigated
on its ability to provide for indoor, high data-rate UWB
communication. As signaling scheme, QPSK transmitted-
reference (TR) modulation will be used, which will be de-
modulated using a fractionally sampled, complex-valued
(CV) AcR [6]. It has been shown that the complete com-
munication scheme from the transmitted QPSK-TR symbols
until the CV samples generated by the AcR can be modeled
using a second-order, finite-impulse-response (FIR) Volterra
model.

To support high data-rates, the receiver must be able to
equalize the FIR Volterra channel [7]. In this paper, the per-
formance of trellis-based equalization is investigated with re-
spect to its complexity. Alternatively, the spectral resource

can be divided into sub-bands [2]. In each sub-band, the
data-rate will be relatively low, such that less ISI will oc-
cur, while the accumulated data-rate can still be high. Both
concepts are applied to the system architecture with the aim
to provide for a high rate data communication, while limiting
the overall system complexity.

In [8], a decision feedback equalizer (DFE) is investi-
gated for an EDR, which is sub-optimal by nature. A DFE
namely forces a receiver to take a decision on the bit value,
before receiving all the related energy. Furthermore, it ne-
glects the presence of a Volterra channel and assumes a lin-
ear channel. On the other hand, it has a low complexity and
is therefore appropriate for certain applications.

In Sec. 2, the signaling scheme and the system model
derived in [6] are briefly reviewed and adapted to the objec-
tives of this paper. It is explained how the system model can
be seen as a finite state machine. In Sec. 3, a sub-optimal,
reduced memory, FIR Volterra channel is derived, which is
optimal in the sense of the MMSE criterion. An equalizer us-
ing this reduced memory data model (RMDS) will have less
complexity at the cost of performance. In Sec. 4, the con-
cept of multi-band communication is applied to QPSK-TR
to limit the ISI. Simulation results are analyzed in Sec. 5, to
study the trade-off between the amount of sub-bands, equal-
izer complexity and performance, with and without forward
error control. Conclusions are drawn in Sec. 6.

2. SIGNALING SCHEME AND SYSTEM MODELS

2.1 Signaling Scheme and system model
In a basic transmitted-reference (TR) UWB signaling
scheme, a symbol waveform consists of two identically-
shaped pulses p(t), transmitted D seconds apart. The first
pulse remains un-modulated, while the second is modulated
by data. By selecting D small compared to the coherence
time of the channel, both pulses are distorted equally by the
channel, such that the AcR can use the first pulse as reference
for the demodulation of the second. In this work, the refer-
ence pulse is allowed to be modulated as well, for instance
to avoid spikes in the power spectral density of the transmit
signal. The modulation applied to the reference and data-
carrying pulses will be denoted by b̃[n] and b[n], respectively.
The baseband equivalent of the transmitted (TX) signal can
be written as

s(t) = ∑
n

b̃[n]p(t,nTs)+b[n]p(t,D+nTs) (1)

where p(t,τ) is the baseband equivalent of p(t − τ). Note
that both b̃[n] and b[n] can be complex valued (CV), since a
baseband equivalent notation is used. An on/off-keying sig-
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nal can be expressed by (1), if D is chosen equal to zero, b̃[n]
is kept unmodulated to one, and b[n] is BPSK modulated.

In [6], a fractionally-sampled, CV AcR was proposed for
the demodulation of TR signals. This receiver takes L CV
samples for each transmitted symbol. In the same work, the
relation between TX symbols and the samples was modeled
using a single-input, multiple-output (SIMO), FIR Volterra
system, where the number of outputs equals L.

Without loss of generality, we assume each sample to be
influenced by M + 1 data symbols. Thus, the value of the
sample corresponding to the n-th symbol at the α-th output
is denoted by

u[n,α] =d[n]HKαd[n]+η [n,α] (2)

where Kα and η [n,α ] denote a second-order Volterra kernel
and noise, respectively. The noise variance is output specific
noise and will be denoted by σ 2

η ,α . The symbol vector d[n]
is defined as

d[n] =
[

b̃[n−M] . . . b̃[n] b[n−M] . . .b[n]
]T (3)

2.2 Signal Model in Vector Notation
It is convenient to write the Volterra system in a vector nota-
tion, such that

u[n,α] =d̃[n]
H
kα +η [n,α]. (4)

Usually, the vectors d̃[n] and kα are defined to be equal
to vec

(

d[n]d[n]H
)

and vec(Kα), respectively, where the
operator vec(M) creates a column vector by stacking the
columns of M. However, the elements in vec

(

d[n]d[n]H
)

are potentially correlated. In this case, its non-central auto-
covariance matrix, which is defined as

A , E
[

vec
(

d[n]d[n]H
)

vec
(

d[n]d[n]H
)H

]

, (5)

will not be full-rank. In other words, the rank Nk = rank(A)
is less than (2M+2)2. Hence, vec

(

d[n]d[n]H
)

will be driven
by Nk uncorrelated variables. Assuming these variables to be
gathered in d̃[n], a linear transformation matrix T must exist,
which fulfills the following two criteria:

Td̃[n] = vec
(

d[n]d[n]H
)

(6)

E
[

d̃[n]d̃[n]H
]

= INk,Nk . (7)

Assuming T to be available, d̃[n] and kα can be obtained by

d̃[n] = T
†vec

(

d[n]d[n]H
)

, (8)

kα = T
Hvec(Kα) . (9)

In the cases we considered, the composition of A was
rather simple, i.e. the elements of vec

(

d[n]d[n]H
)

are either
fully or not correlated. This made the construction of the
transformation matrix T straight-forward and such that the
elements in d̃[n] all appear one-to-one in vec

(

d[n]d[n]H
)

.
Note that one element in d̃[n] will have a constant value one
for all possible realization of vec

(

d[n]d[n]H
)

, which without
loss of generality, is assumed to be the first element of d̃[n].

Alternatively, we noticed that the transformation matrix
T can also be obtained from an eigendecomposition A =

EΛE
H , where E is the unitary matrix of eigenvectors and

Λ is a diagonal matrix of eigenvalues. The transformation
matrix T is then obtained from

T = ENZ
√

ΛNZ (10)

where the zero-eigenvalues and the corresponding eigenvec-
tors are skipped, as denoted by the subscript NZ . It is unclear
to us, whether this generally yields an appropriate mapping,
or only in our context.

2.3 Signal Model seen as Finite State Machine
The modulation applied to both pulses has been kept general
so far. In practice, log2(Ns) (channel) bits will be communi-
cated over the channel per symbol. Assuming these bits to be
i.i.d. RVs in B = {0,1}, the symbols s[n] will be i.i.d. RVs
in {0,1, . . . ,Ns −1}, with equal probability. The n-th symbol
s[n] determines the value of both b̃[n] and b[n]. The mapping
of s[n] onto b̃[n] and b[n] is denoted by the functions g̃(.) and
g(.), respectively. Hence, the vector d[n] can be written as

d[n] =
[

g̃(s[n])T g(s[n])T
]T (11)

where s[n] , [s[n−M] . . .s[n]]
T and g̃(.) and g(.) are defined

to operate element-wise.
As any other FIR filter, the FIR Volterra system of (2) can

be described using a tapped-delay-line. I.e. it can be seen as
a finite state machine (FSM), such that

u[n,α] = fα(s[n],St [n])+η [n,α ] (12)

where St [n] denotes the current state and the total number
of distinct states NSt equals NM

s . In the absence of noise, the
output depends on s[n] and St [n] only. Afterwards, the state is
updated, where St [n+1] depends only on s[n] and St [n]. The
function fα(., .) is specific for each output, but all outputs are
driven by the same symbols.

3. REDUCED MEMORY DATA MODEL

It is well-known that FIR Volterra channels can be equalized
using trellis-based algorithms, like a Viterbi or a Log-Map
algorithm. These algorithms consider the channel as a FSM
driven by the TX symbols and often assume the output(s) of
the FSM to contain additive white Gaussian noise. Using
knowledge on the structure of the channel FSM, both algo-
rithms conduct a probabilistic computation to obtain the most
likely transmitted sequence or symbol, respectively. In case
of the Log-Map algorithm, the variance of the noise needs to
be estimated as well.

The complexity of a trellis is proportional to the num-
ber of channel-states. I.e., it is exponentially proportional
to the channel memory. As a result, trellis-based algorithms
quickly become too complex for practical application, if they
take the full channel memory into account. In this section, a
reduced-memory data model (RMDM) is introduced, which
mimics the behavior of the full data model (FDM), while us-
ing less memory. Using the RMDM, trellis-based algorithms
can equalize the channel with less complexity at the cost of
an increased sensitivity to noise. The RMDM will be shown
to be optimal in the sense of the MMSE criterion.

The structure of the RMDM and the FDM are basically
the same. Only the incoming symbols are delayed by m and
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the memory N of the RMDM is less or equal to the FDM’s
memory M. In a vectorial notation, the output of the RMDM
is defined as

ǔ[n,α ] =ď[n−m]H ǩα + η̌ [n,α]. (13)

where ď[n] is of length Nr and related to a subset of 2N + 2
elements of the symbol vector d[n]. A similar transformation
as derived in Sec. 2.2 will relate vec

(

d[n]d[n]H
)

to ď[n].
It is the challenge to find the optimal combination of ker-

nels ǩα and a delay m, such that

[m, ǩα ] = argmin
x∈N,k∈CNr ,1

[

L

∑
α=1

E
[

∣

∣d̃[n]Hkα − ď[n− x]Hk
∣

∣

2
]

]

(14)

where N and C denote the sets of non-negative integers and
complex numbers, respectively. To our knowledge, (14) can
not be solved in closed form. Therefore, the MMSE solu-
tion for ǩα is derived for a single given output and delay x,
denoted by ǩ

(x)
α , such that

ǩ
(x)
α = argmin

k∈CNr ,1

[

E
[

∣

∣d̃[n]Hkα − ď[n− x]Hk
∣

∣

2
]]

(15)

Since both d̃[n] and ď[n− x] contain per definition only un-
correlated variables, it is easy to prove that the optimal kernel
in the sense of the MMSE criterion is given by

ǩ
(x)
α = Ckα (16)

with

C , E
[

ď[n− x]d̃[n]H
]

(17)

where C ∈ {0,1}Nr ,Nk . The under-modeling error for this
specific delay and output σ 2

u,α(x) equals

σ 2
u,α(x) , E

[

(

d̃[n]Hkα − ď[n− x]H ǩ
(x)
α

)2
]

= k
H
α

(

I−C
H
C

)

kα (18)

Using the previously obtained result, the MMSE delay m is
selected using

[m] = argmin
x∈{0,...,M}

[

L

∑
α=1

σ 2
u,α(x)

]

(19)

where the fact is used that an m greater than M can never be
optimal.

As stated before, the RMDM does not completely de-
scribe the FDM, such that an equalizer deploying the RMDM
will not exploit fully the information present in the RX sig-
nal. On the contrary, the unused part will have a noise-like
effect from the equalizer’s point of view. Hence, the noise
variance at the α-th output of the RMDM,

ση̌ ,α2 = σ 2
η ,α +σ 2

u,α(m). (20)

The noise signal η̌ [n,α] is most likely no longer Gaussian
nor white. Hence, a closed-form expression for the perfor-
mance degradation due to the under-modeling is not easily
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Figure 1: Constellation diagram at the outputs of a FDM and
its RMDM. The left-hand plot refers to α = 1 and the right-
hand plot to α = 2

obtained. An indication for the performance is obtained by
computing the ”overall SNR” seen from the equalizer’s per-
spective, namely

SNRRMDM =
L

∑
α=1

∥

∥ǩα
∥

∥

2

σ 2
η ,α +σ 2

u,α(m)
. (21)

The ability of an RMDM to mimic its FDM can be visu-
alized by comparing their constellation diagrams. In Fig. 1,
the constellation diagram is depicted of a memory-four FDM
describing a QPSK-TR system, together with the constella-
tion diagram of its memory-one RMDM. The RMDM’s con-
stellation diagram resembles the constellation diagram of the
FDM reasonably well, in the sense that the general structure
of the FDM’s constellation is preserved. Using the RMDM,
an equalizer is likely to decode the received signal correctly.
The system will have an increased sensitivity to noise, but its
equalizer complexity is reduced by a factor of 64.

4. SYSTEM DESCRIPTION

In this section, several QPSK-TR systems will be investi-
gated with respect to performance and complexity. The gen-
eral structure of the system, depicted in Fig. 2, is as follows.
Information bits are encoded to channel bits using a turbo
code. These channel bits are first passed through an inter-
leaver Π and then fed into a de-multiplexer, to obtain Nsb par-
allel channel bit streams. Each bit stream is communicated
over Nsb parallel channels, obtained by dividing the spectral
resources into Nsb sub-bands. In each sub-band, QPSK-TR
signaling will be applied and demodulated using a fraction-
ally sampled AcR. Hence, the system is operating over Nsb
parallel concatenated FDMs. Each FDM is equalized using
a trellis-based equalizer, generating logarithmic-likelihood-
values (LLVs) for the channel bits. The LLVs generated by
the Nsb equalizers are multiplexed to a single LLV stream, de-
interleaved and processed by an FEC decoder. The presence
of a de-interleaver Π−1 ensures that little to no correlation
exists between neighboring LLVs, such that the full potential
of the FEC can be exploited.

Let us clarify the purpose of using sub-bands. With in-
creasing data-rate, the channel memory will unavoidably in-
crease, such that the equalizer complexity must be increased
as well, to fully exploit the information present in the re-
ceived signal. Unfortunately, its complexity grows expo-
nentially with the channel memory, making it quickly too
complex for any realistic application. To avoid too com-
plex equalization, while still allowing for a high data-rates,
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[2] proposed to divide the spectral resources into sub-bands.
In each sub-band, the data-rate will be relatively low, such
that the channel memory is relatively low. Our goal is a
system providing a high data-rate with a limited amount of
sub-bands—to avoid complex filter-banks—, while simulta-
neously limiting the equalizer complexity.

Three system architectures will be considered, using 1, 2
and 4 sub-band(s) respectively. All achieve the same channel
data-rate of 200 Mb/s, while occupying 1 GHz bandwidth
centered around 6 GHz. In each sub-band, QPSK-TR sig-
naling will be applied. The delay D had a value of 5, 10 and
20 [ns] for a system with 1, 2 and 4 sub-band(s), respectively.
In Fig. 3, the division of the spectral resources into sub-bands
has been depicted.

The mapping of channel bits on b̃[n] and b[n] can be
found in Tab. 1. The symbol-rate depends on the number
of sub-bands. The received signal is demodulated using an
AcR, which is fractionally sampled at rate two, meaning that
two samples are taken per symbol. The sampling phase is not
synchronized to the received signal.

As a trellis-based equalizer, we used a soft-input, soft-
output Log-Map equalizer, even though it is approx. twice as
complex as a Viterbi equalizer. It is inherently better suited
to generate LLVs for the channel bits, allowing the FEC de-
coder to correct more errors. The complexity of the Log-Map
equalizer is proportional to the number of state-transitions,
i.e. proportional to NN

s . Note that the non-linearity of the
channel has no significant impact on the equalizer complex-
ity. Only the metric computations become more complex. In

Table 1: Symbol mapping table
bits s[n] b̃[n] b[n]

00 0 1 j
01 1 −1 − j
10 2 −1 −1
11 3 1 1
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Figure 4: The average ”overall SNR” of the RMDM as func-
tion of its memory

this work, the equalizers are assumed to have perfect infor-
mation on the RMDMs, which are derived directly from the
related FSMs. The memory of the RMDM has been varied
from one to four, i.e. the number of states of the equalizer
has been varied from 4 to 256.

All systems deploy the same rate-1/2 turbo code, such
that the information bit-rate equals 100 Mb/s. The turbo code
consists of two identical, parallel concatenated, rate-1/2, re-
cursive systematic convolutional codes (RSCCs), defined by
the polynomials (5,7). The first RSCCr receives the infor-
mation bits directly, while the second RSCCr encodes inter-
leaved information bits. The interleaver block size equals
4098 information bits. Both coders are terminated. The turbo
decoder conducts eight iterations for each information block.

The system performances are evaluated using a pool of
NLOS channel realizations, measured at the IMST premises
in an office of 4 by 4 by 2.5 meters [9]. These channels have
an RMS delay spread of about 12 ns.

5. SIMULATION RESULTS

To get a feeling for the performance loss due to the sub-
optimal equalizer, the SNRRMDM , averaged over all channel
realizations and sub-bands, has been depicted as a function of
N in Fig. 4, for the three system models. Although the differ-
ence between the FDM SNR and the RMDM SNR can not
be translated into the Eb/N0-loss in the BER-performance
curves, it will give insight in the required equalizer complex-
ity. Note that the Eb/N0-values depicted on the x-axis are
with respect to the channel bits.

The figure shows that with an increasing number of
sub-bands, the RMDM requires less memory to adequately
mimic the FDM. In case of a system with four sub-bands, a
16-state RMDM (memory N = 2) is able to approximate the
FDM for all channel realizations. Only at Eb/N0 > 20 dB,
a difference can be observed, which is well above the Eb/N0
working point. In case of two sub-bands, a 64 states RMDM
(N = 3) is at least required to adequately mimic the FDM for
most channel realizations, while in the single band case, 256
states (N = 4) are by far not sufficient to mimic the FDM.

To validate the conclusions derived from Fig. 4, also the
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channel BER performance has been depicted as a function of
Eb/N0 for the three system architectures. To obtain insight
on its effect on the performance, the equalizer complexity
has been varied from 4 states to 256 states (N = 1 till 4).

In case of the four sub-band system, Fig. 5 confirms that
16-state equalization is sufficient. I.e. almost no further im-
provement is observed in the channel BER. In the two-band
case, a similar result applies, but at least 64 states are needed
to obtain close to optimal performance. In the single-band
case, 256 states for the equalizer are not yet sufficient to ex-
tract the complete information available in the received sig-
nal. Additional gain seems possible.

The channel BER of the different system architectures
can not be compared directly. The four-band system per-
forms namely worse than the two-band system at high
Eb/N0-values, since it does not exploit the complete fre-
quency diversity available. It is the task of the FEC to exploit
the remaining available frequency diversity. To illustrate this,
the information BER has been depicted in Fig. 6. The figure
shows that the FEC is indeed able to close the performance
gap. In fact the four-band system performs slightly better
than the two-band system—in terms of information BER—,
even though its channel BER is considerable worse. Further-
more, it reveals that an Eb/N0 of approx. 13 dB is needed
to obtain virtually error-free communication, using the sub-
optimal AcR.

6. CONCLUSIONS

A combination of trellis-based equalization and a multi-
band system architecture has been investigated, to obtain
high data-rate UWB communication over the multipath radio
channel, using non-coherent receivers. To achieve this goal,
a reduced-memory data model has been introduced for the
non-linear sub-band channels. It is optimal in the sense of the
MMSE criterion and allows for the study of the relationship
between the equalizer complexity and the performance. Two
multiband systems using two and four sub-bands achieved
approx. the same performance after forward error control.
The two-band system’s RF-front-end is possibly less com-
plex, at the cost of a more complex equalizer. A single-band
system did not achieve the same performance for the limited
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amount of equalizer complexity invested in our simulations.
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