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UWB Mixed-Signal Transform-Domain
Direct-Sequence Receiver

Sebastian Hoyos and Brian M. Sadler, Fellow, IEFE

Abstract— We consider a mixed-signal ultra wideband (UWB)
direct-sequence spread-spectrum (DS-SS) receiver, The receiver
expands the signal over a basis set, and then operates on the
basis coefficients. An analog computation of the basis coefficients
efficiently parallelizes the signal for digital processing, relaxing
the sampling requirements and enabling parallel digital process-
ing at a much lower rate. Bit error rate (BER) performance
is evaluated, as well as distortion due to basis truncation.
The parallel processing also facilitates efficient interference
mitigation. Various models for interference including adjacent
multicarrier interference are developed and analyzed. Several
simulation results confirm the analysis and provide insight into
quantization error, basis truncation distortion, and the impact
of the UWB channel. We show that in the AWGN uncoded case
for SNR < 10 dB, the receiver can be operated at almost half
the Nyquist rate with only 1 dB of performance loss. Moreover,
when a common convolutional code is employed, the aggregate
sampling rate can be 37.5 % lower than Nyquist rate with little
loss in receiver performance.

Index Terms— Analog to digital conversion, broadband wire-
less communications, direct sequence spread spectrum, ultra-
wideband communications.

I. INTRODUCTION

LTRA-WIDEBAND (UWB) systems face significant im-

plementation challenges, inciuding achieving sufficient
front-end dynamic range to support desired receiver processing
gain and rejection of large narrowband interferers (NBI), and
overcoming channel-induced distortion. These goals need to
be accomplished with manageable power consumption and
complexity, while pushing achievable bandwidths. Digital so-

we—o-lutions-are-flexible-and-desirable;-yet receiver-algorithms-may-—

be very complex, and high speed analog-to-digital converters
(ADC) have limited dynamic range. These issues motivate
unconventional receiver designs, such as parallel schemes that
utilize analog channelization or time interleaving followed by
sampling [1}-[5]. These approaches allow the use of lower
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resolution in each channel with a reasonable compromise in
performance degradation. In addition, when a single bit is used
for the quantization, the ADC complexity is greatly reduced
(6], [71.

In this paper we consider an approach that utilizes analog
basis expansion of the input signal, followed by parallel
sampling of the basis coefficients [8]. The number of basis
coefficients, and the rate at which they are estimated, provides
a flexible tradeoff. Many basis choices are possible, and the
use of a Fourier basis yields a solution that scales with
bandwidth. Based on this, we develop a direct-sequence (DS)
UWB receiver that accepts the basis coefficients as input. This
method does not require signal reconstruction, enables parallel
digital signal processing, and leads to considerable complexity
reduction. Moreover, we show that the receiver can operate at a
sub-Nyquist sampling rate for practical SNRs (SNRs < 10 dB
or s0), and still achieve a performance very close to Nyquist
rate digital receivers.

The proposed mixed-signal parallel architecture facilitates
new directions and ways of implementing desired signal
processing in the DS receiver, such as multi-user detectors.
For example, we illustrate the ideas by considering power-
mismatched adjacent channel interference removal. This prob-
lem will become increasingly apparent with short range UWB
personal area networks.

The paper is organized as follows. The DS signal and
channel models are set up in Section It. We describe the signal
expansion and sampling ideas in Section IIL. In Section IV we
develop the linear model for the received signal and several ..
candidates for the detection based on the basis coefficients.
Interference mitigation schemes that benefit the propoesed
signal expansions are introduced in V. In Section VI we
derive coded BER expressions, including the dependence on
the number of basis coefficients and basis truncation error
effects. Section VII provides simulation results, where we
examine receiver performance as a function of various system
parameters. In particular, we show that a coded system can
be under-sampled, yet achieve optimal BER performance.
Section VIII provides conclusions.

II. TRANSMITTED SIGNAL AND CHANNEL MODEL

Assume that a channel encoder' with rate R, = I/J pro-
vides the sequence of coded bits ¢; € [0,1]. The pseudoran-
dom (PN) sequence b; € [0, 1] is impressed on the transmitted
signal by multiplying each coded bit by the jth bit of the PN

IThe signal model presented here is valid for block codes as well as for
convolution codes.
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sequence [9]. The transmitted signal can be expressed as

o5

37 (2c; - 1)(2b; = VVEmpialt - 5T5), (1)

j=—00

s(t) =

where pe,(t) is a unit energy transmitted pulse with duration
Ty and E; is the transmit energy per coded bit ¢;. A ternary
spreading model can also be employed for episodic transmis-
sion [10].

The transmitted signal is corrupted by frequency selective
multipath and additive noise after propagation through the
channel A(t). The recetved signal can be represented as the
convolution of the transmitted signal and the linear channel
model

r(t) = s(t) = h(t)
= 3 (2 - 1)2b; ~ Dy Eepralt — §Tp) + 2(2)
- Z a7/ Espra(t — §Tp) + 2(2), @
where a; (2¢; — 1)(2b; — 1) € [-1,1], and = de-

notes convolution. The received pulses are denoted as pr.(£),
which may differ from the transmitted pulse py,{¢) due to
waveform distortion introduced by the frequency selectivity
of the medium, as well as possibly being altered by the
receive antenna transfer function that is often modeled as
differentiation [11]. The additive noise z(#) is modeled as a
white, zero mean, Gaussian random process, with two-sided
speciral density N,/2.

HI. BASIS EXPANSION AND SAMPLING

The received signal r(¢) is decomposed every T, seconds
into N components that are obtained via projection over the
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holds and the following relations can be derived

T,-T, T —MT,
OVR = T =T, 4)
_ T-OVR-T.
M = i (3
T—-0VR-T,
M = GoovRL ©

IV. PROPOSED TRANSFORM-DOMAIN DIRECT-SEQUENCE
RECEIVER

In order to obtain an estimate of the transmitted bit a; (the
sign of the Zth chip) from the set of coefficients provided by
the quantized basis coefficients, we begin by expressing the
receiver structure as a linear filtering problem in the same
transform-domain in which r(¢) has been expanded. To obtain
a vector notation we group the samples in (3) into the L x
1 vector r = [rg---r1—1)T where L = MN and the lth
component, [ = mN +n, is given by r; = Ry, ,. We assume
that a period of T seconds of the signal r(f), containing K
chips a = [ag -+ - ax_1)T of duration T, each, are represented
in the vector r. An estimate of a, namely &, is obtained via
the linear receiver X' x L matrix H as

a = Hr. ()

The choice of H plays a fundamental roll in the performance
and complexity of the digital baseband of this receiver. Next,
we explicitly write the samples R,,, ,, as,

K

R = (fu(t), @n

k=1

(t))m,Tst + <Z(t), 4

'n(t))a'r:p,,fp."',,,,’]”S 3

(8)
where fi(t) = arpra(t — kT,) is the kth received pulse that
conveys the chip a. Thus,

K
Rm,n ‘ = Z ar (pr:s(t - kTP)a (I)'n (t))qvn,']“c,T‘.j

basis ®,,(t) |22} The coefficients R, » |ﬁ_01 o3 are given
by

T,
Ry = {r{t), 0 () m, = / r{t + mT)®} (¢) dt.

’ 3)
At the end of each integration time T, 2. the coefficients reach
a value that is fed to a set of quantizers Qn, [N ', one for each
coefficient, which return the digital words R, , |M_}[2-1,
Let the nth quantizer @, have 2%+ output Jevels, where
b N_ ! is the number of bits used to obtain the quantized
set of coefﬁcxents The windows of duration 7, can overlap
to avoid the high frequency artifacts caused by windowing,
so the time shift T, in (3) is less than or equal to the
integration time T,. This means that if a period T of the
signal r(¢} has to be windowed in M segments of duration
T, with overlapping time T. — T or equivalently overlapping
percentage OVR, = Z‘-‘%&, the equation To+ (M —1)T, =T

*In our notation, T, is the integration time for the basis coefficient
caleulation in (3), and T, is the pulse or chip time.

EOX N0 . ©

To obtain a vector notation we define the L x K
matrix G whose components are given by g =
{pra(t — kTp), @t 1, r,» Where [ = mN +n. We also
define the L x 1 noise vector z whose components are z; =
(2(t), Pu(t)) 1. 7,- Thus we can write,

=+

(10}

The problem now is to find the matrix H in (7) that provides
an estimate to the problem described in (10). This is a
straightforward linear problem where we can easily identify
3 solutions: the Minimum Mean-Squared-Error (MMSE), the
Least Squares (LS), and the Matched-Filter (MF) solutions,
given by the following expressions:

r=Ga+z.

Hymse = Z.GY(GEZ,GH+7)7! (11)
(GHG)™IGH if L > K;

His = G-1 ifL=K; (12)
GH(GGY)™! fL<K.

Huyr = G¥, (13)
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where &, = Elaa”] and Z, = E[zz"]. Hyusg is optimal
in the MSE sense, while Hyg is maximum likelihood when
the components of the noise vector z are independent. On the
other hand Hyr is suboptimal but straightforward and has
very low complexity. The performance of the LS solution for
L =K and L > K is also optimal MMSE in the uncolored
noise case and suboptimal in the colored case. For L < K
the LS exhibits poor performance while stll having high
complexity (not shown here), whereas the MF solution has
very low complexity and so of great interest if its performance
is acceptable. For this reason, in Section VI we focus on the
derivation of the matched filter performance for the coded-
system case.

Note that the linear formulation in (10) includes inter-
symbol interference (ISI) between the received pulses fi.(¢) =
arPrs(t—kT,), so the matrix ¥ in (7) will perform both signal
detection and equalization. The trade-off here is the amount
of data processed by H when simultaneously estimating X
chips in the T’ = KT, signal detection time. Since the receiver
has N parallel paths, the sampling rate for each path will be
N times lower than if a Nyquist rate time-domain ADC were
used to sample the signal. We will show that the sampling rate
may be further lowered (below Nyquist) without significant
BER penalty if the truncation error is negligible compared
with the additive noise, or if the incurred SNR degradation
can be mitigated by the channel decoder. Next, we show that
the receiver parallelization can be exploited to add robustness
to adjacent channel interference.

V. INTERFERENCE MITIGATION

The fundamental difference between the receiver front-end
introduced here, and the conventional single ADC architec-
tures, is the way sampling of the received signal is performed.
Folding of the signal spectrum introduced by time-domain
sampling produces the classical frequency aliasing effect. If
the front-end frequency selectivity of a conventional receiver
does not provide the required attenuation of the adjacent
frequencies, the remaining unknown and undesired adjacent
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order to have the complete picture, we require the input signal
frequency range, as well as the range that produces the aliasing
due to frequency expansion. The digital baseband processes
the frequency samples and can provide estimates of both the
signal of interest and the interferers that were observed in the
adjacent channels. This line of reasoning hoids for any basis
selection, noting that generally the harmonics involved in the
aliasing must be taken into account as well.

To elaborate, we denote ¢(t) the additive interference
present in the received signal 7(t). Now, R, , can be ex-
pressed as,

K
Rwm 3 (st = KTy, 8a() 1,
k=1

+{it), Bn(t)) .7, 1, + (2(8)s Bt 1 7, » (14)

which means that the sample R, , will be affected by the
amount of correlation between i(t) and ®¢,(t) collected by
the term (i}, ®n(t)),, 7, .- I () were known, then theo-
retically it could be removed from R,, ,, and have no impact.
However, in practice, i(t) is either completely unknown or
partially known. We show next that partial knowledge of i(t)
can be just enough to completely remove the negative effect
of i(¢}. In particular, we consider the case in which i(t) is
adjacent channel interference.

A. Adjacent Channel Interference

Multichannel designs are emerging to efficiently allocate
multiple users in increasingly large bandwidths, as is the
case with UWB [12]. Attenuation of the adjacent channel at
the front-end of the receiver is crucial to avoid catastrophic
aliasing after time-domain sampling. As the number of users
grows, the adjacent channel problem becomes more important,
especially when there is large variability in interference power
levels due to mobility. In some cases, the neighboring nodes
may be very close, such as with UWB personal area networks.
To find a mathematical representation that includes adjacent

channel-interference-effects;-we-assume-that-at-each-side-of-a

channel interference will fold into the signal band and may
seriously distort the discrete-time representation of the signal.
We observe that by using the orthogonality principle in the
frequency domain, we can select signals with great accuracy
even if strong interferers are nearby. Unfortunately, there are
practical limitations to this solution. The number of frequency
samples that can be taken is limited to just a few (e.g., 10
frequency samples is a relatively large number with current
technology) because of the complexity in the parailel bank of
mixers and integrators needed. This limitation requires us to
perform frequency sampling over short time windows, that
in tn produces bandwidth expansion due to convolution
in the frequency domain. This frequency expansion implies
overlapping (aliasing} in the frequency domain, i.e., loss of
orthogonality. The loss of orthogonality causes the adjacent,
as well as in-band, interferers to overlap with the signal
of interest producing destructive aliasing. We note that the
amount of frequency overlapping due to windowing is a
known quantity that is inversely proportional to the time
duration of the window, and this is fundamentally different
from the folding phenomenon of time-domain sampling, In

central channel of interest, C' adjacent channels are separated
by the frequency AF. We assume also that the signal has
been demodulated to baseband, so a low-pass representation
of the signals are presented to the receiver. In view of (14), the
samples R, ., of the new multichannel signal can be expressed
as

e
Rm,n: Z ar (pr:c(t - kTP): (I’ﬂ(t»m,Tc,Ts

k=1

C KW
DRI

e=1 k=1
c K"
iR,e)
(Rey/ p t— kT,
D3PI Sl e
e=1 k=1 1En m,Te,Ts
+ {=(8), q’n(t»m,q’c,q‘s ; (15)
where the symbols and pulses of the C right and C left
channels are distinguished by the super-indeces (%) and (1),

respectively. Note that if the basis functions are made orthog-
onal to the adjacent interferer channels, the samples R, .,

Pv("_ggc)(t — kTp)
6—3211-cAF’ @n(t)

>m,’1"’c,fl‘"s
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would not experience any interference. In practice, perfect
orthogonality over all the adjacent frequencies cannot be
achieved with finite time processing. Thus, some interference
will be captured during the signal expansion and sampling.
However, using (15) the mechanism by which this adjacent
interference affects our signal expansion coefficients can be
accurately modelled. In fact, the only unknowns in (15) are the
adjacent channel symbols /™% and (%), and the number
of interferers per channel KX and K. Although the
pulses prg, p,(ni”c) and pﬁf’c) are initially unknown, they can
be learned via training. With these estimates in hand, the
problem is reduced to estimating the symbeols of interest ay,
and a portion of the adjacent symbols afcR’c) and af(c‘r"c). The
exact number of estimation symbols K’ will be bounded by
K’ < K +2C(K*) + KR), This leads to a performance-
complexity trade-off in the linear estimates in Eqns. (7) and
(11-13). To enhance the detector performance, we need to
increase L = MN = Kw L/ = M'N' = K'. If N is
increased, i.e., the parallel paths are increased, the trade-off
is a linear increase in the amount of hardware. On the other
hand, if M is increased, T, decreases proportionally which
implies an increase in the speed of the parallel ADCs.

1) Mitigation of Adjacent Multicarrier Interference: Be-
sides DS signals, multicarrier signals may populate the spec-
trum. While DS signals are distinguished by choice of orthog-
onal spreading codes, multicarrier signals may be orthogonal
due to their frequency separation. However, poorly attenuated
adjacent multicarrier channels can fold into the DS signal of
interest. The interference produced by adjacent multicarrier
channels may be one of the most limiting performance factors
for DS receivers. In band interference is of course also
problematic, and we show that it can be also taken into account
in the next formulation. To elaborate, the carriers are given by,

(16)
(I7)

where the intercarrier spacing is denoted AF.. The carrier

L,e) _ ,—j2nclAFet
p( ) e K e
R,c j2meAF 1
{ 2 ) — eJ < ,

where ¢;; denotes the jth bit in the #th code word. In the fol-
lowing we extend the simple matched filter receiver described
in (13). In order to express the matched filter operations in the
new conversion domain, the signal expansion over the basis
functions @, (¢) are used to represent the segmented received
signal 7, (t) = #{t — mT;), 0 £t < T, and the segmented
receive filter g, {t) = g(t — mT%), 0 < t < T, leading to

Nl
tml{t) = Y Rma®a(t) (19)
n=(0
N-1
gm(t) = D CGmalalt). (20)
n=0
Here, the new vectors T = [fg - -fL_l]T Fp = Rm,n with

l=mN+n, and &, = [Jo--Fr—1] with | = mN + n,
come from the following transformations

Uy
WEm.,

1)
(22)

r =
Bm =

where the components of the N x N transformation matrix
W are given by ¥n) = (®n(t), Bi(t))p, forn,l=1,-.- N,
The matched filter receiver operation to estimate the jth coded
bit can now be expressed as

M-1 .
Q= Tm (T (7) dr
=2 [ s

o0
mn@n(T) Y G 87 (r) dr
=0

o0
- f B (1) 0] (r) dr

Il
23
I
P
g 8
e
ey

I
= o
3
1l
o

23
i

I
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73
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o

il
- o
3
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=3
1l
o

il
i
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1l
[

X3
[l

3*

,l'd)n,i

mn

R 3
rl
= o
=
L
|

poull

m,nG;,ﬂ.bn,l

\g

frequency spacing may be known a priori (e.g., AF, =
4.125 MHz in UWB, and AF,. = 0.3125 MHz in WiFi). In
Section VII we present a set of simulations that demonstrate
the performance of this interference mitigation scheme.

VI. BIT ERROR RATE ANALYSIS OF THE
TRANSFORM-DOMAIN MATCHED FILTER SOLUTION IN A
CODED-SYSTEM

Fig. 1 illustrates the mixed-signal receiver architecture. The
unquantized output of the demodulator is denoted as &,
1 <j < J, and the estimates are obtained after multiplication
with the PN sequence ¢;, 1 < 7 < J. Without loss of
generality, we assume that the all-zero code word of a linear
binary (J, I} block code is transmitted® [9]. A soft decision
decoder computes the correlation metrics (CA{),

J
CM; =" cijiy, i=1,2,---27, (18)

J=1

3We will show later that this analysis is also valid for convolutional codes,

IES

Rm,né:n,["pn.,l

,,_
M
M §
8 I

!
3
1
4
il
=

= 8
=
L

=

L

?

I
oo

m,n :n,i'd)n,l + Pj: (23)

3
i
<
2
i
L=
i
[=

where I' is the truncation error. Note that the series expansion
in Eqn. (23) will have to be truncated, leading to some degree
of etror, Although this truncation error can in principle degrade
the receiver performance, we will show in the examples that
any desired performance can be achieved if the trade-off
between complexity, in terms of number of coefficients IV,
and sampling speed AF, = 1/7, = M/T, is adequately set
up. Note that if the basis functions are orthonormal to each
other, (23) reduces to
-IN-1

3" BonnCip

m=0 n=0

which reduces the complexity of detection. The trade-off
between the choice of the basis functions, complexity of

A
i (24)
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Fig. 1. Mixed-signal direci-sequence receiver block diagram.

the detection formula, and the degree of truncation error is
fundamental in the receiver design.

For the all-zero code word the correlation metric (C'Mq)
becomes

J
CMy=2JE. + > (2c1,;— 1)(2b; — 1)I;
f=1
J 7
+3 (2015 — 1)(2b; — 1)Z;
=1
J 7n
=2JE. — Y (2by; ~ 1)T; = > (2by; — 1)V},
i=1 i=1

(25)

where I';, 1 < 5 < J, is the truncation error due to the limited
number of basis terms used in the expansion, V;, 1 < j < J,
is the additive noise, and E,; is the chip energy. The truncation
error is given by

The probability of error is the probability that CM,, > CA,
or equivalently, the probability that D = CM; — CM,,, < 0.
The difference I} is given by

D= CM; — CMm,
J
= 4B Wy —2)  cms(2b; —

=1

J
-2 emi(2 - 1)V
=1

Both sums in Eqn. (30) have W,,, nonzero components, The

random variable D can be modelled as Gaussian by invoking

the central limit theorem, which assumes that the weight W,,,

is large enough. This assumption is generally valid for PN

sequences that have a bandwidth expansion of about 10 or

more. Additionally, the mean of the second sum in (30) is

zero because E(2b; — 1) = 0, and E(V;) = 0. The variance
of D is given by

1T

(30)

-1 oo oo
Z Z ZRm,n,J mt,gd)nt, (26)
m=0 n=NI=N
The noise term is given by
M~1N-1N-1
Vi=2 Zinyn,i G i (L, (27)
where Z,, 5, 1s given by
Te
Tnng = [ st mTIBO @ @8
0

and z;(t) is the noise realization associated with the jth code
of the received signal.
Stmilarly, the correlation metric for the code word C,,
having weight W, is
2Wh,

+ D (2er; — 1)(2by; — 1)(T; + V5).
i=1

(29)

Ok =4 Y ity El(2by=" 1“)‘(‘25?:1‘)']“(“:%?%})_) ) ;
d=1 i=1 3
(31)

where it has been assumed that the variables T'; and V;
are uncorrelated. Since the PN sequence is assumed to be
uncorrelated (i.e., E[(2b; — 1)(2b; — 1)] = &;;), (31) can be
stmplified as

o2 = AW, (E(T'?) + E(V?)). (32)

Let us assume that the channel remains static during the
codeword. Then, the matched filter coefficients G, ;(n) do
not depend on the code index j (i.e.. G j(n) = Gy, (n)). The
term F(V2) can be evaluated as (33) (see top of next page),
where we have used E(Zm,,n, Zy, 1,] = 0V mz # ma. Also,
o%(n1,nz) is given by

//E

j() 2 t)nl (t)ﬂz di

N,
"2_06?11 %

U% {n1,n2) ny (88, (7) dtdr

(34)
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M1 M-=1 N—1 N-1 N-1N-1 M—-1 N-1 N-1N-1N-1
2y __ * 2 *
V = E[thnl mz,ng}Gmg,h ma,ls = § , GZ(nlvn2)Gm,th,Iga
m1=0m2=0n1=0n2=01,220 [»=0 m=0 n1:=0 Rox=0 11 =0 [3=0

where %ﬁ is the two-sided noise spectral density. Combining
(33) and (34) we have
M-1N-1 N-1 N-1N—1

IBIDIIPIE: B sty G 35)

m=0 n1=0ne=011=0 I>=0

B(V?) =

The statistical characterization of I'; and the further sim-
plification of (35) requires knowledge of the statistics of the
received signal (¢) which in turn implies knowledge of the
statistics of the channel k(f). We use numerical evaluation to
obtain the final values of E(V?} and E(['?), and we assume
that the mean of [' is zero. Now, assuming a sufficiently
long code to invoke the CLT in the detection statistic, the
probability that D < 0 is given by

16E2W2
P(D<0)=@ ( E(VE) + E(P2))

where Q(-) is the complementary error function. The energy
per information bit X, is related to the chip energy by E, =
}Eb = R.E;, where R, is the code rate. Thus, (36) can be
expressed as

(36)

16EZRZW2 ) -

o <o~/ iatan

Finally, the code word error probability may be upper bounded
employing the union bound, yielding

P < Z Q( 16E2RIW2 )

E(V?) + BE(I'?)
where M = 27. Note that this expression is almost identical to
the probability of a code word error for soft-decision decoding

(38)

~of "4 lingat binaty block ¢ode in an AWGN chantiel, with ™

the addition of the truncation error introduced by the limited
number of basis functions in the signal expansion.
We define a receiver figure of merit, the signal to noise

and truncation ratio SNTR = 1{’;,‘%?_ EI’?FZ) The SNTR will
be compared with the SNR = FE,/N, that traditionally
dominates the BER of conventional receivers. The impact
of the truncation error is quantified in Section VII through
simulations and it is shown that optimal performance can be
obtained by adequately setting up the number of coefficients
N and the segmentation factor M. We will show that the
receiver degrades gracefully as the number of coefficients
N is reduced, and no performance loss occurs when the
truncation error becomes negligible when compared with the
additive noise. This leads to a practical implementation with
low complexity.

The result in (38) can be also extended to an (n, k)
convolutional code, leading to

16 E2R2d?
rsi, 3 ao(|vriem)

d—dfrcc

(39

(33)

where dyree is the free distance of the convolutional code
and the coefficients 3y are obtained from an expansion of the
derivative of the transfer function T(D, N}.

VII. SIMULATICNS

In this section we provide simulation results to study the
impact of the interference mitigation scheme, basis truncation,
mono-bit quantization, the UWB channel, and the addition of
coding.

First, consider uncoded transmission in an AWGN channel.
We use the second derivative of Gaussian pulse wy,(f) =

1 — 4 | B2Te/2 2 —or | =Te/2 ?

— ‘JT[ T, 73 ] exXp w[ T, 72 ] as the waveform
or the transmitted chip signal. The chip signal has duration T},
and carries one information bit per transmitted pulse for the
uncoded simulation example. Since the 3 dB high-frequency
cutoff of the transmitted pulse is roughly 3.3/}, the sampling
rate of a conventional all-digital time-domain implementation
should be at least F;, = 6.6/7,, leading to a number of
samples per pulse duration equal to at least T,F, = 6.6 (or
7 samples per pulse). Taking 8 samples every T, leads to a
more conservative sampling rate. In the first set of simulations,
we set T, = T, ie., the ADC conversion time is equal to
the chip duration, so the proposed receiver samples every
T, seconds which achieves a parallel sampling rate that is
§ times slower than the Nyquist rate of the conventional time
domain approach. In order to study the impact of the number
of basis coefficients N, the other fundamental parameter that
determines the degree of truncation error and the complexity
of the system, we provide SNTR and BER simulation results.

For the first set of simulations, we use BPSK modulation

.and the symbols are estimated via the detection formula of ... ... .

Eqn. (13) without the presence of interference, where the
matched filter coefficients are expansions of the transmitted
pulse over the complex exponentials. We first plot in Fig. 2
the SNTR at the output of the receiver, versus the number of
basis coefficients N. The plot is parameterized by the received
signal SNR (SNR. = 10log; (£, /N,)) where E} is the infor-
mation bit energy which is equal to the chip energy (uncoded
system), and N,/2 is the two-sided noise power spectral
density. The plot shows that for this case, five coefficients are
sufficient to make the truncation error negligible compared
with the additive noise. The same results are shown in Fig. 3
in the form of bit error rate (BER) vs. SNR parameterized
by the number of expansion coefficients N. These results
show that the receiver performs well even for a sub-Nyquist
sampling rate (N < 8). For instance, at half the Nyquist rate,
the receiver is only 1 dB off the optimal performance. Note
that although the N coefficients are complex-valued which
is equivalent to 2N real-valued samples, only half of these
samples need to be taken from the signal expansions since
the other half are complex conjugates due to the spectrum
symmetry, The plot shows that the truncation error introduced
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basis coefficients N. N = 5 coefficients are sufficient for the values of
SNRawan = 10log,4(Es/N,) shown in the figure.
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Fig. 3. Bit error rate of basic signal expansion receiver vs. SNR parameter-
ized by the number of the frequency domain expansion coefficients N.

in the cases 5 < N < 7 is very small compared with the
additive noise for the practical range of SNR vales shown
in the figure. This sub-Nyquist performance shows how this
sampling scheme can perform compression of the received
signal at the sampling stage, and can lead to designs with
reduced power and complexity.

We present next a simulation of the interference mitiga-
tion scheme introduced in Section V. The adjacent channel
interference signal is a multicarrier signal with K& = K(®)
carriers with fixed intercarrier separation AF, = 4.125M Hz
and with frequency separation from baseband AF. We as-
sume that these parameters are known or have been esti-
mated. The receiver uses complex exponentials, providing
frequency domain samples. The received signal is windowed
with overlapping percentage OVR=0.1. The symbols of both
the DS sequence and the muticarrier signal are estimated
via the detection formula of Egn. (12) where the matched
filter coefficients are expansions of the transmitted pulse over
the complex exponentials. In the simulations presented here,
the frequencies of the complex exponential basis match the
frequencies of the Fourier series expansion coefficients of the
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Fig. 5. BER performance vs. the frequency separation of the multicarrier in-
terference for number of frequency samples N = 3 and N = 5 parameterized
by the total estimated number of symbels K/ < K +2C(K &) + () =
30, where ¢ = 1 and K = K{L = KL} = 10. When no AWGN
is added, the simulation achieves perfect symbol recovery for the cases
N=3,K/=28and N =5, K+= 28 and above.

received signal. We assume that the multicarrier block has
K@) = g(R) = 10 subcarriers with QPSK modulation. These
carriers are 40 dB stronger that the DS sequence. The receiver
uses a 4th order Butterworth antialiasing filter. If the output of
this filter is sampled at Nyquist rate by a conventional time-
domain ADC, the discrete-time signal would be completely
destroyed by aliasing unless the antialiasing filter can provide
enough attenuation. Fig. 4 shows the frequency response of
a realization of the received signal, the antialiasing filter and
its filtered output signal. Fig. 5 shows the BER versus the
frequency separation of the multicarrrier interference channel
AF with the number of expansion coefficients N = 3, and
N = 5. The plot shows the performance penalty of the
receiver as the interferer channel center frequency moves into
the DS signal band. The total estimated number of symbols
is K/ < K +2C(K®) + KU)Y = 30, where C = 1 and
K = K% = K = 10. When no AWGN is added, the
simulation achieves perfect symbol recovery for the cases
N=3,K'=28and N =5, K’ =28 and above.

In our next simulation, we use the setup of Fig. 3, and carry
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TABLE 1
UWB CHANNEL MODEL 1 PARAMETERS
Cluster amival rate (clusters per ns) 0233
Ray arrival rate {rays per as) 2.5
Cluster decay factor (ns) 7.1
Ray decay factor (ns) 4.3
Standard deviation of log-normal variable for cluster fading 482
Standard deviation of log-normal variable for ray fading 4.81/2
Flag for non line of sight channel 0
Standard deviation of log-normal shadowing of entire impulse response 3
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Fig. 6. Comparison between mono-bit frequency-domain, and mono-bit
time-domain. receiver implementations. The mono-bit frequency-domain case
provides a little gain over its time-domain counterpart.

out a Monte Carlo BER estimation, shown in Fig. 6, Here,
we compare with a conventional time domain implementation
whose ADC is limited to one bit of resolution. The frequency
domain samples are similarly quantized to a single bit, with
each parallel sample taken at a rate eight times slower than
the time domain sampler. We assume the receiver implements
full resolution matched filter, so only the received signal,
its basis coefficients
shown for comparison is the optimal full resolution receiver.
The frequency domain approach is somewhat less sensitive
to the monobit quantization, with samples provided eight
times slower than the conventional receiver ADC. Note that
this gain can be explained by the fact that the proposed
receiver oversamples in the frequency domain by providing
5 complex-valued bits every T;, seconds (10 bits every T},
seconds) whereas the time-domain ADC would provide 8
real-valued bits every T}, seconds. However, since the signal
is real-valued, the negative frequency coefficients are the
complex conjugate of their corresponding positive frequency
coefficients. This means that the frequency domain effectively
provides 5 real-valued samples every T}, seconds, which is
sub-Nyquist sampling with 37.5 % savings.

To study the impact of a multipath channel, our fourth sim-
ulation uses the UWB channel model 1 (CM1) developed by
the IEEE P802.15 Working Group for Wireless Personal Area
Networks. We use 100 CM1 channel realizations and calculate
the SNTR vs. the number of segments (M), parameterized by
different values of SNRawagn = 10logo(E/N,), as shown

quantized with a single bit. Also  a segmentation r

Fig. 7. Receiver output SNTR versus the number of segments M, parame-
terized by SNR.

in Fig. 7. The transmitted pulse is the second derivative of
Gaussian, with CM1 channel parameters given in Table 1. The
time-domain sampling rate used in the simulations is 7 Gz,
the duration of the transmitted pulse is T, = 1 ns, and the
received signal is processed over a time base of 100 ns. The
number of expansion coefficients is N = 7 and the number of
segments is calculated as M = 100ns/T, = 100nsAF,. So,
for example, if the receiver experi an SNRawen = 5 dB
e e

to achieve Nyquist rate performance. This implies that the
paraliel basis coefficients are sampled at a rate of AF, =1
GHz, seven times slower than a conventional time-domain
implementation would utiiize.

For the fifth and last simulation example, we provide the
BER of the proposed receiver in combination with the R, =
1/2 convolutional code [1 %}, in an AWGN channel,
and using Viterbi decoding. The Viterbi algorithm is employed
after despreading (see Fig. 1). Fig. 8 shows Monte Carlo
BER results, with curves parameterized by number of basis
coefficients N. The curves show the impact of basis truncation
error on the receiver performance, and indicate that ¥V = 6
is sufficient to achieve performance equivalent to a Nyquist
rate conventional implementation. Note also that NV =5 very
nearly achieves this performance, and N = 4 suffers only
slightly more than a 1 dB loss. With N = 6, the basis
coefficients are sampled at a rate eight times slower than
the Nyquist rate for a conventional time-domain sampling
approach, while requiring 6 parallel processing chains. We
emphasize that for this example, when N < 8 the aggregate

ST ne) saffces
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Fig. 8. BER performance employing a rate 1/2 code and the Viterbi
algorithm in an AWGN channel. Curves are parameterized by the number
of basis coefficients N. For N < 8, the aggregate sampling rate is less than
the Nyquist rate.

sampling rate is sub-Nyquist. In fact, the aggregate rate can be
reduced to 37.5 % that of the Nyquist rate by taking N = 4,
at a slight loss in performance. This result is enabled by the
parallel sampling and encoding.

VIII. CONCLUSIONS

We have explored a mixed-signal receiver architecture for
the demodulation of UWB direct-sequence spread-spectrum
signals. The receiver takes advantage of front-end mixed
signal processing, using a parallel analog calculation of basis
coefficients, followed by sampling and digital processing. This
efficiently parallelizes the signal before sampling, and enables
digital processing at a much lower rate. Time-domain signal
reconstruction is not required, instead the receiver operates
directly on the sampled basis coefficients. This approach helps
to solve two major impediments to digital UWB receivers,
namely the iimited ADC sampling rate, and the need to deal

_effectively with large adjacent interference. In addition, distor- .

tion analysis shows that, with a coded system, the aggregate
sampling rate can be considerably below the Nyquist rate of
a conventional system, while maintaining BER performance.
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