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ABSTRACT

An ultra wideband (UWB) transmitted reference (TR) system that
allows inter-pulse interference (IPI) was recently proposed. It re-
laxes a restrictive requirement that the reference pulse has to be
well separated from the data-modulated pulse as in a conventional
TR system. With that scheme, data rate is substantially increased,
especially in a long multipath channel, and better detection per-
formance of the receiver is achieved even if IPI is present inthe
system. For low cost and high flexibility, this paper considers
practical digital implementation of the receiver. Impact of using
a low resolution analog-to-digital converter is investigated. Joint
performance of template estimation and symbol detection isalso
studied.

1. INTRODUCTION

As an ideal candidate for high-rate short-range wireless commu-
nication links, ultra-wideband (UWB) technology has caught a lot
of attention recently [1]. However, there are still great design chal-
lenges in realizing its potentials. Conventional UWB impulse ra-
dio correlates the received signal with a local template. But distor-
tions to these extremely short transmitted pulses by transmitter an-
tennas, multipath and receiver antennas are non-negligible. There-
fore, the signal waveform is unknown to the receiver. Applying
a pre-assumed template leads to suboptimal receivers. Also, esti-
mation of multipath channels and pulse level synchronization are
difficult tasks in the context of UWB due to the facts that the trans-
mitted pulse duration is in the order of sub-nanoseconds andmul-
tipath components are very rich [2], although high rate sampling
makes channel estimation possible by sacrificing low complex-
ity [3]. To overcome these difficulties, transmitted reference (TR)
technique is applied to UWB systems with demonstrated demod-
ulation capability in unknown multipath channels [4], [5],[6], [7].
In this scheme, the delay of the information-bearing pulse is de-
signed to be larger than the channel spread such that the reference
pulse does not interfere with the information-bearing pulse after
multipath propagation [4]. However, that delay inevitablysacri-
fices data rate for good performance, especially in a long multipath
channel [8]. In [9], this constraint is removed in the TR modula-
tion design and corresponding reliable data detection schemes are
developed to tackle inter-pulse interference (IPI). Both low com-
plexity mean-based approaches and optimal ML approaches are
proposed therein.
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Although receivers in [9] can be partially implemented using
analog circuits, digital implementation is of great interest because
it offers many advantages as in conventional narrow band systems,
such as low cost and high flexibility. Some researchers have be-
gun to consider digital architectures in UWB systems [10], [11],
[12], [13], [14]. Unlike in narrow band systems, analog-to-digital
converters (ADCs) constitute major technical difficultiesin UWB
systems because ADC is required to achieve a few giga samples
per second according to the Nyquist sampling theorem. The state-
of-the-art ADC is reported to have only 6 bits of resolution at
1.3 GSamples/s [15]. Consequently, a practical way for imple-
menting UWB digital receivers is to apply low resolution ADCs.
In [13], the authors studied monobit receivers with different ADCs
and showed effective monobit receivers require oversampling. We
consider ADCs with finite resolution and examine their effects on
digital receivers proposed in [9]. Different from [14], we perform
joint performance analysis of estimation and detection in TR sys-
tems with IPI. In addition, because our current focus is low res-
olution ADC, we need to accurately model the quantization error
instead of assuming it is uniformly distributed as in [14].

This paper only considers binary pulse amplitude modulation
(PAM) without repetition of a symbol by multiple frames. But
discussions can be easily extended to arbitrary modulationlevels,
multiple frames and pulse position modulation (PPM) based UWB
systems.

2. RECEIVER STRUCTURE

In a PAM-TR UWB system, two pulses are transmitted within each
symbol duration ofTs seconds. The second pulse is data mod-
ulated by PAM and delayedTd seconds from the first reference
pulse. Denote the pulse used in the system byp(t) with duration
Tp and the binary PAM symbol byAn ∈ {±1}. The transmitted
signal with powerP can be described by [5]

s(t) =
√

P/2
∑

n

[p(t − nTs) + Anp(t − nTs − Td)]. (1)

Reasonably assumeTd > Tp andTd +Tp < Ts, meaning the first
and second pulses do not interfere each other before propagation
through a channel. However, this no longer holds at the receiver
after the transmitted signal passes through a multipath channel. If
we denote the response of a multipath channel byg(t) and apply
the matched filterp(−t) first at the receiver, then the received sig-
nal becomes

r(t) =
∑

n

[h(t − nTs) + Anh(t − nTs − Td)] + v(t), (2)



whereh(t) =
√

P/2p(t) ⋆ g(t) ⋆ p(−t) is the dispersed wave-
form with energyEb/2, ⋆ denotes convolution, andv(t) represents
white Gaussian noise with zero mean and double-sided power spec-
tral densityN0/2. We assume the physical channel is quasi-static,
implying it does not change over a transmission burst but will
change from burst to burst. Without loss of generality, suppose
h(t) has support in(0, Th) and Th + Td < Ts to avoid inter-
symbol interference (ISI). However, all later discussionscan be
generalized to a situation with ISI.

Our receiver structure is depicted in Fig. 1. After the receiv-
ing antenna, the low noise amplifier and the matched filer, there-
ceived signal is sampled and digitized by ADC. Then we can pro-
cess the resulting digital signal to detect transmitted information
symbols. The ADC samples the signalr(t) everyTt seconds at a
b-bit precision.Tt is related toTd by Td = LTt with integerL.
Under such sampling, the number of samples in one symbol inter-
val becomesK = ⌈Ts

Tt
⌉ where⌈ ⌉ denotes integer ceiling. The

maximum multipath channel span is upper bounded byq = ⌈Th

Tt
⌉

units. Accordingly, allq channel coefficients are stacked in a vec-
tor h = [h1, · · · , hq ]

T . We define discrete-time digital samples in
thenth symbol intervalr(n, k) = r(t)|t=nTs+kTt

+ e(n, k) for
k = 1, · · · , K. Here, the quantization error has been modelled as
additive noisee(n, k). If all these samples are collected in a vector
rn, then according to [9] and incorporating quantization noise, it
becomes

rn =
[

h
0(K−q)×1

]
+ An

[
0L×1

h
0(K−L−q)×1

]
+ vn + en

= Cnh + vn + en (3)

wherevn contains discrete-time noise components,en is the quan-
tization noise vector,

Cn =
[

Iq

0(K−q)×q

]
+ An

[
0L×q

Iq

0(K−L−q)×q

]
, (4)

andIq is an identity matrix of dimensionq.
In order to achieve reliable detection, we want to extract a

clean reference waveform from the noisy digital signal first. Then
we can apply a correlation receiver to detect transmitted infor-
mation symbols. For low complexity, we consider the first or-
der statistic ofrn to estimateh as described in [9]. It is ob-
served from (3) that bothAn andvn have zero mean, thus we have
E{rn(1 : q)} = h if no quantization noise. Here a Matlab nota-
tion to extract elements from a vector has been introduced. That
implies the mean completely captures the channel response.Even
with quantization noise, we can still build a mean-based estimator
based onN received data vectors

ĥ = N−1

N∑

n=1

rn(1 : q). (5)

Because of the existence of quantization error in the outputof
ADC, additional error due to quantization is introduced in the above
channel estimator besides the error due to finite sample sizestud-
ied in [9]. It thus leads to further performance degradation. We
will quantify such a degradation and discuss associated influenc-
ing factors in the next section.

Onceh is obtained, an estimate ofAn can be obtained using
the low-complexity correlation receiver as [9]

Ân = sign(ĥ
T
yn). (6)

Here,yn is the received data vector after inter pulse interference
is removed

yn = rn(L + 1 : L + q) − [̂hL+1, · · · , ĥq ,01×L]T .

3. PERFORMANCE STUDY

In this section, we study performance of the above proposed digital
receiver with practical ADC. We will first obtain some statistics of
quantization noise and then analyze channel estimation error and
probability of symbol detection error sequentially.

3.1. Quantization Noise

In the literature, quantization noise is commonly assumed to be
uniformly distributed and uncorrelated with the analog input [14].
But in the context of UWB systems, this assumption becomes
questionable. Because high resolution ADCs with several GHz
sampling rate is far from being practical, the major condition to
justify these assumptions becomes invalid [16]. Therefore, we
need accurately formulate the distribution of quantization noise.
Assume the ADC is not overloaded and has symmetric full scale
from−Vm toVm. We only consider a midriser ADC, which means
it has an even number of output levels and does not contain a zero
in its output. Then quantization step∆ = 2Vm/(2b − 1). Sup-
pose the ADC uses a roundoff quantizer. The probability density
function (PDF) of quantization errore given inputx is [16]

fe(e) =

{ 1
∆

+ 1
∆

∑
k 6=0

(−1)kφx( 2πk
∆

) exp( j2πke

∆
),

−∆/2 ≤ e < ∆/2
0, otherwise.

(7)

φx(ω) is the characteristic function of input analog signal, given
by

φx(ω) =

∫ ∞

−∞
fx(x) exp(jxω)dx. (8)

From (3), we know the analog signal before quantizationxn =
Cnh + vn is conditional Gaussian onAn with conditional mean
µ1 or µ2 and covariance matrixσ2

vIK . µ1 andµ2 are two pos-
sible vectors ofCnh corresponding toAn = ±1. BecauseAn

takes two values with equal probability, we obtain

φx(ω) =
1

2
exp(jωµ1−

1

2
ω2σ2

v)+
1

2
exp(jωµ2−

1

2
ω2σ2

v), (9)

whereµ1 andµ2 are corresponding elements inµ1 andµ2. Sub-
stituting (9), (7) becomes

fe(e) =





1
∆

[
1 +

∑∞
k=1

(
cos( 2πk(e+µ1)

∆
) + cos( 2πk(e+µ2)

∆
)
)

(−1)k exp(−
2π2k2σ2

v

∆2 )
]
, −∆/2 ≤ e < ∆/2

0, otherwise.
(10)

We want to point out the above PDF subsumes the special case that
input signal is Gaussian distributed with meanµ and varianceσ2

v.
The PDF can be directly obtained by settingµ1 = µ2 = µ.

Next using (10), we can calculate the mean and correlation of
the quantization error as follows:

E[e] =
∑

k 6=0

∆

2πk

[
sin

(
2πkµ1

∆

)
+ sin

(
2πkµ2

∆

)]

× exp

(
−

2π2k2σ2
v

∆2

)
, (11)



E[e2] =
∆2

12
+

∑

k 6=0

∆2

2π2k2

[
cos

(
2πkµ1

∆

)
+ cos

(
2πkµ2

∆

)]

× exp

(
−

2π2k2σ2
v

∆2

)
. (12)

With (11), it is clear that the mean of quantization noise generally
is nonzero becauseµ{1,2} are nonzero. The smaller number of bits
the quantizer has or the smaller the background noise is, thebigger
the mean is. This counter-intuitive result will be further described
in Section 3.2, as well as in our simulation results in Section 4.

Another conventional assumption we think inappropriate in
UWB systems is that input signal is uncorrelated with quantiza-
tion noise. The cross-correlation can be derived as in [16]

E[xe] =
∆

2π

∑

k 6=0

(
µ1

k
sin

(
2πkµ1

∆

)
+

2πσ2
v

∆
cos

(
2πkµ1

∆

)

+
µ2

k
sin

(
2πkµ2

∆

)
+

2πσ2
v

∆
cos

(
2πkµ2

∆

))

× exp

(
−

2π2k2σ2
v

∆2

)
. (13)

Whenσv is small and the number of bits of ADC is small, the
dependence between input signal and quantization noise becomes
more obvious.

Becausexn are independent at different timen, en1
anden2

are also independent forn1 6= n2. However, different elements
in en are dependent because they are related to the sameAn.
For a givenAn, en(i1) and en(i2) are independent asvn(i1)
andvn(i2) are independent ifi1 6= i2. Thus, cross-correlation
E[en(i1)en(i2)] of the i1-th element andi2-th element inen is
given by

E[en(i1)en(i2)] =
∆2

2π2

[
∑

k1,k2 6=0

1

k1k2
sin

(
2πk1µ1(i1)

∆

)

× sin

(
2πk2µ1(i2)

∆

)
exp

(
−

2π2σ2
v(k2

1 + k2
2)

∆2

)]

+
∆2

2π2

[
∑

k1,k2 6=0

1

k1k2
sin

(
2πk1µ2(i1)

∆

)

× sin

(
2πk2µ2(i2)

∆

)
exp

(
−

2π2σ2
v(k2

1 + k2
2)

∆2

)]
. (14)

Similarly, cross-correlation between input and quantization noise
at the samen is obtained

E[xn(i1)en(i2)] =
∆

2π
µ1(i1)

∑

k 6=0

1

k
sin

(
2πkµ1(i2)

∆

)

× exp

(
−

2π2k2σ2
v

∆2

)

+
∆

2π
µ2(i1)

∑

k 6=0

1

k
sin

(
2πkµ2(i2)

∆

)

× exp

(
−

2π2k2σ2
v

∆2

)
. (15)

3.2. Channel Estimation Performance

Our waveform estimator is constructed by exploring statistics of
N digital random vectors. Its performance is affected by noise,
quantization error and data length. For notational convenience, we
define

xu = xn(1 : q), xl = xn(L + 1 : L + q),

eu = en(1 : q), el = en(L + 1 : L + q),

vl = vn(L + 1 : L + q),

where subscripts “u” and “l” represent upper and lower sub-vectors
of a vector. With (3), the estimator (5) can be rewritten as

ĥ = N−1

N∑

n=1

(xu + eu) = h + N−1

N∑

n=1

(AnJ
L
h + vu + eu),

(16)
where matrixJ of sizeq× q represents a shift-down operator with
all elements to be zero except the first lower sub-diagonal tobe
1’s. Then estimation error

δh = ĥ − h = δhf + ẽ, (17)

whereδhf = N−1
∑N

n=1
(AnJLh + vu) represents the channel

estimation error if the quantizer has full resolution (infinite num-
ber of bits), and̃e = N−1

∑N

n=1
eu is a newly defined averaged

quantization noise vector. Since the covariance matrix ofδhf is
derived in [9] as:

Π = E{δhfδh′
f} =

1

N

(
J

L
hh

′
J

−L + σ2
vIq

)
, (18)

covariance matrix ofδh is obtained as

COV = E{δhδh′} = Π +
1

N

(
E{xue

′
u} − hE{e′

u}

+ E{eux
′
u} − E{eu}h

′ + E{eue
′
u}

)

+
(
1 −

1

N

)
E{eu}E{e′

u}, (19)

where′ denotes transpose operation. Comparing (18) with (19),
we can clearly see the additional errors incurred due to quantiza-
tion by the mean and variance of quantization noise, and cross-
correlation between input and quantization noise. Although we
can reduce the effect of quantization error by increasingN to some
extent, there is a limit in such an improvement because of thelast
term in (19), which does not decrease with respect toN . An mean-
square-error (MSE) floor appears whenN is above a certain value.
However, the error floor will diminish if the noise powerσ2

v is big
or the resolution of the quantizer is high.

3.3. Detection Performance

Without loss of generality, we first assume information “1” is trans-
mitted, i.e.,An = 1. With (3), (6) and (17), the decision statistic
can be rewritten as

ĥ
′
yn = ĥ

′
(Anh + J

−L
h + vl + el − J

−L
ĥ)

= (h + δhf + ẽ)′(Anh + vl + el − J
−Lδhf − J

−L
ẽ)

= Anh
′
h + ξn, (20)



where all noise terms are lumped intoξn. According to the central
limit theorem, it is reasonable to assumeξn is a Gaussian random
variable with conditional mean and conditional variance as

mξ = h
′
m − h

′
J

−L
m̃ + h

′
m̃ + m̃

′
m

− tr
(

J
−L(Ψ + Ψ

′ + Θ̃ + Π)
)

, (21)

σ2
ξ ≈ σ2

vh
′
h + h

′(Π + J
−L

ΠJ
L − 2J

−L
Π)h + σ2

vtr(Π)

+ h
′(Φ + Φ̃ + 2Ω + J

−L
Φ̃J

L − 2J−L
Φ̃)h

+ σ2
vtr(Θ̃) + 2σ2

vh
′
m̃ + tr(ΘΘ̃) − (m̃

′
m)2

+ 2h
′(Ω′ + Ω + Φ̃)m̃ + 2h

′(Φ̃ − J
−L

Φ̃)m

+ 2tr(Θ̃Ω) + 2h
′(Ψ + J

−L
ΨJ

L − J
−L

Ψ − J
−L

Ψ
′)h

+ 2σ2
vtr(Ψ) + tr(ΠΘ + 2Ψ′

Θ)

+ 2h
′(Π + Ψ + Ψ

′ − J
−L

Π − J
−L

Ψ − J
−L

Ψ
′)m

+ 2tr(ΠΩ + ΩΨ
′ + ΩΨ), (22)

where
m = E{el|An = 1}, m̃ = E{ẽ},

Θ = E{ele
′
l|An = 1}, Θ̃ = E{ẽẽ

′
},

Φ = E{(el − m)(el − m)′|An = 1},

Φ̃ = E{(ẽ − m̃)(ẽ − m̃)′},

Ω = E{xle
′
l|An = 1} − (h + J

−L
h)m′,

Ψ = N−1(E{xlẽ
′
} − hm̃

′
).

We have approximatedσ2
ξ by keeping those terms up to the second

order statistics ofδhf , vl, ẽ andel.
Similarly, we can obtain the mean and variance conditioned

on An = −1. Theoretically, they are different from those in (21)
and (22). But from our simulation, they are close to each other.
Thus, we approximate the average bit error rate (BER)P̄e by

P̄e =
1

2
Pe|An=1 +

1

2
Pe|An=−1

≈ Pe|An=1 = Q(
h′h + mξ

σξ

), (23)

whereQ(·) is theQ-function defined asQ(x) =
∫ ∞

x

1√
2π

e
−t

2

2 dt.
To gain more insight into the detection performance charac-

terized by (21)-(23), we will discuss two special cases where BER
results can be simplified.

A. Full resolution quantizer: No quantization error exists in
this case. (21) and (22) reduce to

mξ = −tr
(
J

−L
Π

)
, (24)

σ2
ξ ≈ σ2

vh
′
h+h

′(Π+J
L
ΠJ

−L−2J
−L

Π)h+σ2
vtr(Π). (25)

B. Large sample size: In this case, those terms inversely pro-
portional toN can be ignored, which includeΠ, Φ̃,Ψ. However,
Φ,Θ, Θ̃,Ω are non-negligible. Consequently, conditional mean
and variance become

mξ = h
′
m −h

′
J

−L
m̃ + h

′
m̃ + m̃

′
m − tr

(
J

−L
Θ̃

)
, (26)

σ2
ξ ≈ σ2

vh
′
h + h

′(Φ + 2Ω)h

+ σ2
vtr(Θ̃) + 2σ2

vh
′
m̃ + tr(ΘΘ̃) − (m̃

′
m)2

+ 2h
′(Ω′ + Ω)m̃ + 2tr(Θ̃Ω). (27)

It is clear that increase ofN can not completely counter the quan-
tization error although it can reduce its effect to a certainextent.

4. SIMULATIONS

We adopt normalized second derivative of Gaussian pulse with du-
ration of 0.7ns as transmitted monopulse.Ts is 51ns andTd is
10ns. Discrete-time multipath channels are generated using the
IEEE UWB CM2 channel model [8] with maximum delay spread
Th = 40ns and and time resolution0.1ns. About80% of the mul-
tipath energy is beyond the10ns delay window of the information-
bearing pulse, causing severe IPI. The maximum quantized output
valueVm of the ADC is chosen to be twice as large as the maxi-
mum value of transmitted clean signal andTt = 0.1ns. We first
test ADCs with different resolution and sample sizeN . Chan-
nel MSE normalized by the number of estimated parameters, i.e.
q−1‖h‖−2E{‖ĥ − h‖2}, is plotted in Fig. 2. It is observed that
analytical results are consistent with simulated ones. On the other
hand, analysis based on conventional assumptions show somede-
viation from simulations, especially at high SNR and low resolu-
tion. Compared with the full resolution quantizer (i.e., noquanti-
zation error), the 1-bit quantizer results in larger MSE. Incontrast
to unlimited decrease of MSE with increase ofN using full res-
olution ADC, a MSE floor occurs for each finite resolution ADC
whenN is sufficiently large as predicted by (19). The error floor
level and the critical valueN at which the floor appears depend on
both resolution and SNR.

To have better understanding of the effect of SNR and ADC
resolution, we test the channel estimator and detector for fixed
N = 200. Fig. 3 shows MSE. At higher SNR, differences of
channel estimation performance among different resolution ADCs
become bigger. This confirms previous analysis that quantization
noise is larger at higher SNR. All MSE curves decrease first, then
increase, and finally converge. The analytical expression (19) can
help us explain such a pattern. Because channel noise dominates
MSE in low SNR region, MSE decreases with increase of SNR.
On the other hand, quantization noise increases as SNR increases.
After certain point, quantization noise will dominate MSE.Then
MSE trend reverses and eventually converges. Convergence level
is lower with high resolution ADC than that with low resolution
ADC. Fig. 4 shows detection performance of our digital receiver.
Simulated and analytical BERs are compared at different resolu-
tions. A small gap is observed for a mono-bit receiver, but good
agreement for receivers with more than one bit. The mono-bitre-
ceiver has worse performance than a full resolution receiver. But
a 3-bit receiver can almost attain the same performance as a full
resolution receiver. Therefore, three bits are sufficient for our dig-
ital receiver to function properly in UWB systems with inter-pulse
interference.
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Fig. 2. Normalized MSE with respect to data length. Experimental
results: solid lines; analytical results: dash-dotted lines; analytical
results based on conventional assumptions: dashed lines.
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Fig. 3. MSE with respect to SNR and ADC resolution. Exper-
imental results: solid lines; analytical results: dash-dotted lines;
convergence levels: dashed lines.
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Fig. 4. Detection performance with different resolution ADC at
different SNR. Experimental results: solid lines; analytical re-
sults: dash-dotted lines; analytical results based on conventional
assumptions: dashed lines.


