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Fig.4  Trellis diagram and state transition of HMM.

Table 2 Channel model and its parameters.
CM! CM2 CM3 CM4
Poo V=poy | F=pos | L=pu | 1-pg
Pos 0.06 0.5 0.06 0.06
Pio 0.017 0.5 0.017 0.017
Lo b=pig | V=pyo | T=pw | 1-puo
poo{Oy | 0.01 0.01 0.999 0.6
2oty | 0.5 03 0.9 04
10y | 0.01 0.01 0.999 0.6
pu(@ 0.5 0.5 0.9 0.4
BPSK 26.55% | 25.5% 94.74% | 49.57%
QPSK ¢+ 73.45% | 74.5% [ 5.26% 50.43%

both worst and better cases therefore we can show that pro-
posed method can accommodate all the channel models by
using these four typical channel models. In the EM based
receiver, note that channel estimation error occurs which
causes demodulator estimation error at Step 1 and 2 in Fig. 3
on the receiver side. Note that O represents BPSK modu-
lation scheme, 01 indicates that the modulation scheme is
changed from BPSK to QPSK. Considering the combina-
tion of encoder and modulator according to the HMM states,
for simplicity, BPSK and QPSK are used here, the mod-
ulation scheme is changed relying on the CNR estimated
by CSI. The threshold of switching modulation scheme pat-
tern is shown in Table 3. In this case, we desire a BER of
less than 107, The value 107 is chosen in order to deter-
mine the threshold of switching modulation scheme pattern.
This threshold should be decided considering the demodu-
lator selection error, i.e., when this demodulator selection
error 1s constant for all the channel models, the threshold is
also constant. Let the information data length be 50 bits, the
code rate be R = 0.5. Therefore, using a convolutional (7,
5) code, the number of encoded bits is 100. The uncoded
pilot symbols with bit length 10 are added to.each packet,
and transmitted using BPSK. The encoder and modulator
switching sequence X(xj, X, -, Xie) lengths are consid-
ered to be 25, 49, and 100. The number of iterations of
the EM algorithm is from 1 to 6.
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Fig.6 Demodulator selection error in case switching sequence length is
49,

Figures 5-8 show computational evaluation for demod-
ulator selection error considering CM1 channel model com-
pared with estimation error at Step | and 2 in Fig.3. In
Figs. 5~7, it is seen that the system converges at less than
the 6-th iteration with the EM algorithm. The complexity
of proposed system considers 6n sequences, while the max-
imum likelihood estimation system selecting all the combi-
nations of any sequence considers 2" sequences to estimate
the most probable sequence. Therefore, the proposed sys-
tem is effective when n > 5. Additionally, as far as time
permits, the longer the sequence length is, the lower the de-
coder and demodulator selection errors are. Moreover, we
can see an error floor at around 1072, this means that there
is a limitation to reduce the modulation selection error by
using proposal method.

Compared with estimation error at Step 1 and 2 in
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Fig.9  Demodulator selection error considering channel models of CM -
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Fig. 3, Fig. 9 shows demodulator selection error consider-
ing CM1-CM4 channel models. Note that the number of
iterations of the EM algorithm is 6. It is seen that the perfor-
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mance using CM1-CM4 achieves lower demodulation se-
lection error compared with estimation error at Step 1 and
2. Moreover, we can see that the performance of CM1 and
CM3 channel model achieves lower demodulation selection
error than that of using CM2 and CM4. It means that sys-
tem considering both CM2 and CM4 channel model selects
BPSK and QPSK randomly and this characteristic is hard
to distinguish bad state O from good state 1 of the HMM in
(8). In terms of the threshold of switching modulation pat-
tern described above, due to the difference of demodulator
selection error according to the channel models in Fig. 9, we
decide this threshold to achieve a BER less than 10~ in or-
der to show our proposed scheme is effective even though it
is in the worst case. We utilize this threshold to change the
modulation scheme in transmitter and estimate the modula-
tion scheme in receiver to obtain the demodulator estima-
tion error such as Fig. 9. As a result, it is proved that our
proposed scheme is effective in any channel model. The de-
tails are shown below. In proposed system, we assume that
the modulation scheme changes between BPSK and QPSK
considering CM1 and CM3 channel models in Fig. 9. In this
case, we can see that the proposed system achieves the BER
of less than 2-107* when the estimation error is from 10~! to
2 - 1072 obtained by Step 1 and 2. On the other hand, when
we assume the same modulation switching pattern for CM2
and CM4 channel models is used as that for CM1 and CM3
in Fig. 9, it is seen that the proposed system also achieves
the BER of less than 107! when the estimation error is from
107! to 4 - 107* obtained by Step 1 and 2. Moreover, in the
future work, we shall concentrate on reducing the error floor
of our proposed system to meet lower BER.

4, Conclusion

In this paper, a reduction of decoder and demodulator se-
lection errors scheme is proposed using HMM as an ele-
mental technology to achieve adaptive channel coding and
modulation schemes. Based on channel estimation results,
the proposal estimates the sequences such as encoder or de-
coder switching pattern at the transmit side using the prob-
abilities of decoder and demodulator selection errors that
are obtained by the switching pattern and channel informa-
tion. Especially, we proposed a maximum likelihood esti-
mation scheme in order to estimate the most likely switch-
ing patterns by EM algorithm, and then evaluated the perfor-
mances by computer simulations. Comparing to the scheme
only considering channel estimation results, the proposed
scheme achieves better performance, and the computational
complexity to search the encoder and modulator switching
pattern sequence is lowered from 2" to 61, which is effective
when n > 5. In the future, we will investigate the balance of
pilot symbols and information bits, and also the number of
encoder or modulator switching pattern sequences that are
needed to estimate HMM at the receiver.
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Receiving UWB Signals
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SUMMARY  Ultra Wideband (UWB) communication system utilizing
impuise signals is attractive technique which can achieve high data rate
with low complexity and low power consumption. In this impulse based
UWB system, lots of different shaped pulses have been considered to rep-
resent more information bits per symbol. In order to detect these differ-
ent shaped UWB signals at the receiver, the synthesized template genera-
tion method using several elementary waveforms is effective. In this paper
we design and analyze this synthesized template waveform instead of the
conventional matched filter technigue. The synthesis of UWB template
waveform can be achieved as combinations of orthogonalized elementary
waveforms with Fourier coefficients. By adjusting the number of elemen-
tary waveforms and their coefficients, it is possible to detect several types
of UWB signals. The orders of approximation corresponding to different
number of elementary waveforms are analyzed and the bit error rate prop-
erties are then investigated in AWGN and multipath fading channels. In
addition, the proposed system can capture more energy by adjusting its
coeflicients adaptively under the multipath environment and reduce the ef-
fect of Intra-Pulse Interference (IPI) which is occurred when the propaga-
tion channel is not separable, that is, multipath components spaced closer
than the typical pulse width. We show the design of the adaptive template
synthesis method and its performance compared with conventional Rake
receiver.

key words: UWB, ultra wideband, template waveform, synthesis, elemen-
tary waveform, adaptive template

1. Introduction

Ultra-Wideband (UWB) has recently been investigated for
wireless communications, as a candidate for multimedia
wireless personal area networking (WPAN), UWB wireless
system can provide high data rate and high capacity, it is
therefore attractive for future communications. There exist
two dominant technologies for UWB. One is the muitiband
technique that uses modulated signals to fall into the desired
bandwidth, and the other, which is the one considered here,
is the classic Impulse Radio (UWB-IR) technique that uses
sub-nanosecond pulses [1], [2].

There are many pulse waveforms that have been inves-
tigated for UWB-IR, such as the Gaussian monocycle [1],
the Modified Hermite Pulse (MHP) [3], [4]. While the Gaus-
sian monocycle is generally used for Pulse Position Mod-
ulation (PPM) with random sequences, modified Hermite
pulses are designed for implementing an M-ary Pulse Shape
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Modulation (PSM) scheme {3], [4]. Other orthogonal poly-
nomials have also been researched to produce such orthog-
onal pulse shapes [6], [7].

To detect these UWB pulses, conventional receiver
generally adopts matched filter technique, namely it is re-
quired to generate the template pulse that has the same pulse
shape as the received one. Therefore it can detect only the
designated UWB pulse, but not another type of UWB sig-
nal. In addition, the PSM scheme using orthogonal pulses
such as the modified Hermite pulse has one disadvantage
that it demands distinct sets of waveform generators at trans-
mission and reception. On the other hand, there are some
schemes about adaptive UWB pulse generation. A Soft-
Spectrum-Adaptation (SSA) UWB transferring scheme is
based on adaptive pulse waveform shaping with the merits
of co-existence, interference avoidance [8],[9]. The muiti-
carrier based template waveform has been studied for inter-
ference reduction [10], [11]. These types of adaptive pulse
shaping techniques can be considered the synthesis of UWB
pulse waveform using some orthogonal elementary wave-
forms. By using a number of elementary waveforms, it
becomes possible to detect several types of UWB signals
derived from different kernel functions. From this point
of view, we have analyzed the synthesis of template wave-
form in UWB-IR communications [12]. By adjusting the
weight of each subcarrier, the sub-optimal template wave-
form can be synthesized which can detect different shaped
UWSB puises. In this paper, we investigate the synthesized
template waveform which is based on the approximation us-
ing some orthogonalized elementary waveforms weighted
by coeflicients vector.

Each UWB signal can be decomposed into Fourier co-
efficients, and it is therefore possible for the proposed re-
ceiver to detect different shaped impulse by adjusting the
number of elementary waveforms and their coefficients ap-
propriately.

And even in the multipath environment, the synthe-
sized template can approximate the received UWB signal
which is distorted through the channel. The performance of
Rake receiver, which has been studied for multipath chan-
nel, degrades when the propagation channel is not separable,
that is, multipath components spaced closer than the typical
pulse width, Under such circumstances, the proposed tem-
plate synthesizer can be performed by adjusting its coeffi-
cients vector to capture more energy from the received pulse
adaptively. We show the enhancement of the proposed tem-
plate synthesis method under IEEE UWB multipath channel

Copyright © 2005 The Institute of Electronics, Information and Communication Engineers
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model called CM1 [13].

This paper is organized as follows. In Sect.2, we de-
scribe the system model considered in this paper. The pro-
posed template synthesis method and its theoretical analysis
are discussed in Sect. 3. In Sect. 4, the degree of approxima-
tion and the required number of elementary waveforms for
template synthesis are analyzed. Finally in Sect. 5, we draw
some conclusions.

2. UWB Detection System

In this paper, we analyze the template synthesis method us-
ing several orthogonal elementary waveforms. The degree
of synthesis has been investigated, and the bit error rate
(BER) performances have been shown both in AWGN chan-
nel and in multipath channel.

2.1 AWGN Channel

In this section we describe the typical UWB-IR detection
system. In the classic UWB system using impulse se-
quences, the transmitted UWB waveform is given as

s() = VP Z bia(t - iT}) (1)

i=—o0

where a(?) is the equivalent RF pulse shape, b; are the mod-
ulated data symbols, T, is the pulse repetition period, and
P is the transmitted power of the impulse. The modulated
symbols are assumed to be bipolar (i.e., b; € x1), and the
transmitted waveform is normalized as follows

Bxf a(pdt=1= B.s'f A(PIPdf (2)
where B, is the occupied bandwidth of the waveform and
A(f) is the Fourier transform of a(t).

In AWGN channel, the received waveform can be writ-
ten as follows:

Ht—ty—-T)=as(t—tyg— 1)+ n) (3)

where n(1) is the AWGN with two-sided power spectral den-
sity Np/2, T is the time delay between transmitter and re-
ceiver clocks, fg is the transmitted time and « is the path loss.
As shown in Eq. (3), the description for user is omitted for
simplicity. The path loss factor ¢ ia normalized as & = 1 and
any distortive effects that antennas and channel introduce in
UWB communication are removed from consideration. On
the receiver side, as shown in Fig. 1(a), the received signal
() is generally correlated with the expected template wave-
form w(¢) that matches to the transmitted pulse waveform.

00
D; = f r(Hw(t)dt (4)
If the correlated output D; is greater than zero, then a posi-
tive symbol is decided as the transmitted one. If the corre-
lated output is less than zero, then a negative symbol is de-
cided instead of the positive one. In the case of PSM scheme
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Fig.1  Conventional receiver structures (a) in Pulse-Position-Modulated-
UWB (PPM-UWB) system (b} in PSM-UWB system.

using modified Hermite pulse, each transmitted symbol is
one of the N orthogonal Hermite pulses which is given by
{4]

Hy () = (~1yes Lo )
n d[”
where n is the order of Hermite polynomial. The orthogo-
nality of Hermite pulses can be described as

o {0 if (n#m)
f:m Hn(f)Hm([)d’ - { 2! \/'7? if ()1 - 111) (6)

We assume that perfect synchronization between transmitter
and receiver exists. This means that codewords can be de-
tected in a symbol-by-symbol maximum likelihood fashion
using a correlation between the received signal and each of
the N orthogonal pulses, The correlation output ¢,(r) corre-
sponding to the n-th codeword is given by

/2

dn(t) = f H)H,(t)dr (N
-T/2

where T is duration time of Hermite pulse [5]. Receiver

structure of PSM scheme is illustrated in Fig. 1(b).

As shown in Fig. 1, the general UWB receiver is re-
quired to generate a template waveform that matches to the
transmitted waveform, and is unable to detect another type
of UWB signal. In addition, the need for distinct sets of
waveform generators at reception in PSM system leads to
complexity. As shown in Sect. 3, we consider a synthesized
template waveform produced with a set of locally generated
waveforms, without matched filter technique.

2.2 Multipath Channel

In addition to the consideration of AWGN channel, we also
analyze the effects of realistic UWB indoor multipath fad-
ing channel, namely IEEE 802.15.3 modified S-V(Saleh-
Valenzuela) channel model. The modified S-V channel
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model has been recently proposed by the IEEE 802.15.3
Study Group (SG3a) and summarized from extensive in-
door UWB channel measurements [13]. The proposed 1EEE
802.15 S-V multipath model has been given as the follow-
ing, in discrete time impulse response:

L K

) =X )" @dlt = Ti= ) ®)

=0 k=0

where X is the multipath gain magnitude which is log-
normally distributed, @, are the multipath gain coefficients,
T, is the delay of the Ith cluster, 7, is the delay of the
kth muptipath component relative to the Ith cluster arrival
time 7,. The channel coefficients are defined as follows:
Qpi = priPrs, where pg; is equally likely to take on the
values of +1, B, is the lognormal fading term. The inter-
cluster times between various clusters and rays are expo-
nentially distributed. The channel coefficients are normal-
ized as h(r) = X Tk S5, a, = 1 in order to remove the
path loss factor from consideration. There are four differ-
ent models, namely from CMI1 to CM4, for different dis-
tances of transmission and LOS (Line of Sight) or NLOS
(Non-LOS). The received UWB signals transferred through
the above-mentioned S-V multipath channel (Eq. (8)) can be
described as

K

L
=X )Y aps(t = Ti= i) + () ©

1=0 k=0

where n{t) is the AWGN as menticned above.

Here we apply another parameter m to represent the
number of each multipath component, that is, we replace
oy with @, and Ty + 7, with m7,, where 7, denotes a min-
imum path resolution time. Then the received UWB signal
is rewritten as

M
) =X Z @y S(t —mt,) + n(t) (10)
m=0

where M = (K + 1)(L + 1) represents the total number of
resolvable multipath components for each signal.

At the receiver side, we consider Partial-Rake (P-Rake)
diversity combining using the information on the first L,
paths, and Selective-Rake (S-Rake) diversity combining us-
ing the maximum L, paths. The conventional Rake re-
ceiver uses a bank of correlators followed by a Rake com-
biner as shown in Fig. 2. There exist muitiple Rake fingers
which independently track different reflections of the chan-
nel to capture the energy in the multipath components. The
received UWB signal r(¢) is correlated at each correlator
with different time-shifted template waveforms, Overall, the
whole time of correlations performed by several Rake fin-
gers covers the signal delay period caused by various mul-
tipath components. Under the assumption that the perfect
synchronization between transmitter and receiver, the corre-
lation output of each Rake finger corresponding mth path of
the ith symbol is described as

2301
w(t- 7o) I
r(t) _é jr/p To
imizia ) te o

correlator

j T/2¢ T it
~T/24 T ot

correlator

= T2 Tum

"RAKE" combining

Fig.2  Conventional Rake receiver architecture.

LT eemry)
yl' = f r(tw(t — iT, — m7,)dt (11)
—%+(iT,+m'r,,)

where w(¢) is expected template waveform (i.e., w(r) = a(t))
and iT, +m, are the relative delays. This correlation output
can be rewritten as y" = 4" + n}", where each term corre-
sponds to the desired signal and additive noise, respectively.
If the propagation channel is separable (i.e., T < 1,), and
the Inter Symbol Interference (ISI) effects are not consid-
ered, the desired term 4" is described as follows.

T

\/FXb,-a',,, f 7 a(w(t)dr

_I
%

1
d;

H

\/pX b i@
B;

The above equation is based on the assumption that there is
no Intra-Pulse Interference (IPI), i.e.,

(12)

T
f wlt~ itpult — jrpdt = 0 forall i j

L
3

(13)

In this paper, however, we consider the effects of IP1, namely
the received pulses are overlapping (i.e., T > 7,). In this
case, the pulse shape is distorted through the channel. We
denote Q the number of multipath components within pulse
width, that is, Q = L%J (here, the notation | x| denotes the
integer part of x). Then the desired term of the correlation
output of each Rake finger corresponding mith path of the ith
symbol is described as

d" = @bei{a,,ﬂ f fa(t)w(f*ij)df}
= -%
= x/ﬁxza,-i{a,,,+,-1euu,(jr,,)} (14)
=0
where
Ruy(T) = f fa(t)w(t—-r)dr (15)

In Eq.(14), the terms for i = 1,---, Q represent the effects
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of IPI. In this case, the transmitted waveform a(z) is not ap-
propriate to be used as the template waveform w(t) at the
receiver because of the distortive effects caused by IPL

The noise term in the output of the Rake finger corre-
sponding mth path of the ith symbol is described as follows.

o~

n' = fr a(t)yn{t)dt (16)
Here, n}" are independent, Gaussian distributed random vari-
ables with a zero mean and variance o = Ny/2B; for all m
and /.

The output of ith symbol at the Rake receiver can be
described as

L=
= Z Ym - y:'” 17

m=0
where L, is the number of Rake finger and y,, is the weight

of mth Rake finger determined by channel estimation. The
bit decision is made as following:

_ I if (m=0)
b"‘{ 0 if (1<0) (18)
In this paper, channel estimation can be achieved using
training sequence by, (k= 0,1, -+, P—1) comprising P pilot
symbols. The estimated path gain of the mth path can be
written as follows:

P—1
ph ! Al
hm = F ;::(;‘bkyk (19)

where §' is the correlation output corresponding mth path
of the kth pilot symbol. Applying the Maximum Rate Com-
bining (MRC) at the Rake receiver, the weight of each Rake
finger corresponding mth path is equal to the estimated path
gain.

y”l = il‘l“ (20)

3. Proposed Scheme Description
3.1 Design of Synthesized Template Waveform

In this paper we analyze the template synthesis method for
UWB receiver, in which template waveform is constructed
as combinations of orthogonalized elementary waveforms
with certain coefficients. The proposed receiver structure is
illustrated in Fig. 3. It has some local elementary pulse gen-
erators and makes it possible to detect several types of UWB
pulses by adjusting each coefficient properly. In this section,
we describe this template synthesizer and show some anal-
yses.

Generally, every UWB signal can be decomposed into
some orthogonal elementary waveforms such as sine waves
by Fourier series expansion independent of its kernel func-
tion. It is therefore possible to approximately construct
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a UWB template waveform by expanding the UWB sig-
nal into the weighted sum of several orthogonal elementary
waveforms and truncating it to finite order. If we consider an
orthonormal set {L;,k = 1,2, -+, oo} in a Hilbert space §, Ly
is complete under the condition that the following equation
holds for every w € S [15].

w = Z(w, L)Ly 20
k=1

where the notation (w, L) denotes the inner product. Us-
ing this Ly as a set of basis functions, the waveform w(t) is
represented as

N
wit) = ) Cul(r) (22)
k=1

The set of coefficients {Cp, k = 1,2, -+, N} provides the best
representation (in the least-squares sense) of w(r). The min-
imum squared error of the series representation is

w - i CkLk
k=1

Since the error is never negative, it follows that

™

N

=l ~ " (w, L)? (23)

k=1

N N
DG = (w, L) < i (24)
=y k=

This inequality is known as Bessel’s inequality. If we use

a complete set {Ip,k = 1,2,---, 00}, there is no error in

the representation, therefore Bessel’s inequality becomes an
equality,

ol = > 1CWP (25)
k=1

This relationship known as Parseval’s equality shows that
the waveform synthesized by complete set can strictly match
to the ideal waveform. In this paper, the synthesized tem-
plate waveform is described as
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Substituting Eq. (32) to Eq. (31), the SNR after the correla-
tor. at the receiver is
,  (MSE)
P(l ~ (MSE)” + —

SNRow = No (33
Since the cross-correlation between r(r) and w(t) is less
than 1, the proposed template synthesizer performs worse
in comparison with the matched filter based receiver. The
bit error rate property, however, improves as the order of
approximation, i.e. the number of elementary waveforms is
increased. It is therefore fair to say that the performance
of the matched filter based receiver is the lower bound on
the synthesized template generation methods. According to
Eq. (33), the bit error rate is given by

(MSE*

P(l — (MSE)? +

1
R= -
BE 2€IfC Ny (34)

When MSE = 0, then BER = 1/2erfc v P/2Ny, that is the
theoretical BER characteristics of UWB-BiPhase in AWGN
channel. The theoretical analyses of MSE and BER char-
acteristics described above are only applicable to AWGN
channel. Muitipath channel requires other analysis, which
is described in the following subsections.

3.3 Adaptive Template Synthesis Method in Multipath
Channel

In multipath channel, the Rake receiver is supposed to be
able to capture the signal energy spread over time. The long
pulse width of the transmitted signal, however, has a great
negative impact on the performance of Rake receiver. If
there exists IPL, that is, the multipath components are dis-
tributed very closely in time within the typical pulse width,
the Rake receiver doesn’t perform well, for the channel dis-
torts the signal waveform severely. The effect of IPI against
the received signal is described in Eq. (14). On the assump-
tion that the multipath componets of the received signal is
distributed with the same time interval 7, and the pulse
width T is longer than 7, the waveform of the received sin-
gal is far from the transmitted one even if there is no ef-
fects of AWGN or ISL This distortive effect is greatly in-
creased as the pulse width is getting longer compared with
v,. Figure 5 shows the degradation of correlation output
d? in Bq.(14) at the Rake receiver when the pulse width
is changed. As in Eq.(14), the correlation is performed
between the transmitted pulse a(r) and the received pulse
r(r) through multipath channel (IEEE 802.15.3 UWB indoor
multipath channel model, CM1 [13]). The correlation value
is normalized to have a unit energy when T' = 7, for simplic-
ity. The correlation window is the same time duration 7 as
the pulse width, and the minimum path resolution time 7, is
0.167 [ns]. The change of pulse width from T = 0.167 [ns]
t0 3.0 {ns} in Fig. Sisequivalentto | < @ < 18inEq. (14). It
can be seen from Fig. 5 that the correlation output decreases
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as the pulse width becomes large compared with path reso-
lution time 7,. In such circumstances, we propose an adap-
tive template synthesis method which can generate subop-
timal template waveform to capture more energy from the
received pulse adaptively.

As mentioned above, in multipath environment the re-
ceiver needs to estimate the path gain. We consider the train-
ing sequence by (k=0,1,-- -, P+ P 1) comprising P + p
pilot symbols in each packet, where the first P symbols are
used for the path gain estimation and the last P symbols are
used for the synthesis of template waveform. The correla-
tion output at the certain finger of Rake receiver correspond-
ing to the mth multipath component of the kth pilot symbol
is

%+(I(T,+m‘r,,)
gy = f r(Ow(t = kT, — mtp)dt (35)

Lg-+(kT,+mr,,)

In order to estimate the path gain /1,, corresponding the mth
multipath component, the arithmetic average of the correla-
tion outputs §;'(k = 0, - P~1) is figured out as described in
Eq. (19). From this estimation, the maximum multipath gain
hy = max{hylm € [0, M]} and its relative delay 7, within
each time frame are derived. Therefore the most preferable
time to capture the signal energy within each time frame 7,
is supposed to be 7y <t < Ty +T. In the proposed scheme,
the receiver extracts this time duration out of the received
signal corresponding to the P pilot symbols to synthesize
template waveform, The extracted signals of each pilot sym-
bol can be written as {ry (DT, + Ty <1 < kT, + Tty + T,k €
{P,P+ P — 1]}. We describe this highly amplitude received
signal as the (n x 1) vector form.

e =1 b o Tl
(fork=P-  ,P+P-1) (36)

where n is the number of samples during 7y <t <7y + 7T
within each time frame. In order to synthesize the optimal
template waveform that can capture more enegy from the
set of distorted received signals ry, we derive the appropri-
ate coefficients vector € = [C, €y -+ Cyu) for which the
function
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Table 1  Elementary waveforms and their orthogonality (5, 18 the
Kronecker delta).
Kind of Elementary Orthogonality
functions waveforms L, (1)
T
Trigonometric exp(j2r fut) 5 La(t)Ln(0)d
(fn = !7-1') = T
Modified | (~1)'eT $e | [ L)L, (dr
Hermite = 2"n! 7S pun
! t
Modified S L@ey | LT LOLudl
Laguerre = S
Legendre e LRIy Lo La(O) (0
=6
N r
um=2qumemm (26)

k=1

where L;(f) are the orthogonal elementary waveform and o
are the corresponding coefficients. W,,,(¢) is the envelope
which truncates each elementary waveform to finite dura-
tion. Rectangular window is used as W,,,(1), that is

IR I O ES
Wen(t) = rect(t) = { 0 (others) (27)
Generally, the coefficients Cy are derived as follows
2 i
q=?fvwmmm (28)
_r

where T is the pulse duration. As mentioned above, if the
set of orthogonal elementary waveform L;(f) is complete,
the synthesized template strictly matches to the ideal one. In
reality, however, the number of coefficients and elementary
waveforms should be finite. The coefficient vector C whose
element is described as Eq. (28) is truncated to finite order
by using the function EF(N, C). The function £ (N, C) selects
the subset which consists of N-tuple chosen from vector C
in descending order of magnitude. Therefore, the coeflicient
vector used to synthesize the template waveform is writ-
ten as C = F(N, C) =[C, & -+ Cyl. We consider four
orthogonal functions as clementary waveform L(r), that is,
trigonometric function, modified Hermite polynomial, mod-
ified Laguerre polynomial and Legendre polynomial. The
mathematical description of each function and its orthogo-
nality is shown in Table 1.

Figure 4 shows the spectrum of proposed template
waveform constructed by 3 elementary waveforms, which
synthesizes modulated Gaussian UWB pulse described as
following

m

re(f) = cos(Zn]"kt) X exp {—a . (L)~] (29)

where f; = 6.85[GHz], ¢ = log, 10, 7,, = 0.45 in Fig. 4.
It can be seen from Fig. 4 that proposed template waveform
can well approximate the ideal modulated UWB signal. In
Fig. 4, we apply trigonometric function as elementary wave-
form for synthesis.
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Fig.4  Spectrum of synthesized template waveform constructed by 3 el-
ementary waveforms. Ideal UWB signal is modulated Gaussian pulse with
center frequency 6.85 [GHz).

3.2 MSE and BER Characteristics

In this subsection, the theoretical analysis of proposed tem-
plate in AWGN channel is described. The synthesized tem-
plate waveform does not match strictly to the ideal UWB
signal, therefore there exists the reconstruction error. As
one of the evaluation measure for the waveform synthesis,
we apply normalized Mean Square Error (MSE) described
as follows:

(300 — wie)2dr
MSE = R

(30)

T

f_?z re()>dt

where r(#) is desired signal term of the received signal, w(f)
is synthesized template. In Eq. (30), the effects of AWGN
and multipath are removed from consideration. MSE is the
ratio between the squared sum of the reconstruction error
and the squared sum of the ideal waveform. If there is no
error, MSE equals zero. The degree of approximation of
our proposed template depends on the number of orthonor-
mal basis used for synthesis, namely MSE decreases as the
number of orthonormal basis increases. The received signal
r(t) is correlated with the synthesized template waveform
w(t). The Signal to Noise Ratio (SNR) after correlation can
be expressed as
PR} (1)
- 31

SNRout NoRum(0) (31)
where R, (1) and R,,(0) is defined by Eq. (15). We as-
sume perfect synchronization between transmitter and re-
ceiver and r(t) and w(r) are normalized to have a unit en-
ergy, therefore T = 0, Ry, (0) = 1. From Eq.(30), R, (1) is
described as follows in AWGN channel.

2 — (MSEY

2
5 (32)

Rr_\w(T) =
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P+P-1

F= 3" Kr,wp 37)
k=P

is maximum, where w is vector based description of tem-
plate waveform w(t), whose size is (n x 1) [14]. We set w to
be of unit energy for normalization purposes and it is rewrit-
ten in vector representation as follows.

N
w= > (L (38)
j=1

The above equation is equivalent to Eq. (26). L; denotes the
orthonormal basis used to synthesize the template waveform
and it is also written in vector form as follows:

L;=[LyLp-- Lyl (forj=1,2,---N) (39

where N is the number of orthonormal basis used for syn-
thesis and each orthonormal basis consists of n samples.
For instance, if we use trigonometric function as basis, then
Ly = exp(j2n fir), u € [1,n]. Here, we set an (1 X N) matrix
M whose jth column is L, that is

M=[L; Ly - L] (40)
In this case, w in Eq. (38) reduces to
w=M.¢ (41)

We also set an (n X £) matrix A whose kth column is ry, that
is
A=riry 1y (42)

From Eq. (41) and Eqg. (42), it can be derived that w"-A forms
(1 x P) vector, whose kth element is (ry, w). Therefore

P+P-|
D kg w)P
k=P

W -A)-(w - A
= -M-A)- A M-CY (43)

F

1

Eq. (43) can be transformed as
F=C-(1-CYy=2|CP (44)

where A is eigen value of (N x N) square matrix (M' - A) -
(At - M). In order to make the function F maximum, the
eigen value in Eq. (44) should be maximum. Therefore the
optimal coefficients vector Cis supposed to be simply the
normalized eigen vector of matrix (M! - A) - (A' - M) corre-
sponding to its largest eigen value. By using 2 pilot symbols
included in each packet, the coefficients vector ¢ is derived
adaptively as shown in Eq. (43) and Eq. (44). The template
waveform can be synthesized using this coefficient vector C
as described in Eq. (41).

4. Simulation Results
In this section we present some simulation results and anal-

ysis about the template synthesis method for UWB commu-
nications.
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Fig.6 Modified Hermite Pulse (MHP) waveform in time and frequency
domain.
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Fig.7 MSE characteristics of synthesized MHP waveforms (from Ist to
5th as described in Fig.6) when the number of trigonometric elementary
waveform is increased. (pulse width 7 = 1.0 {ns])

4.1 MSE and BER Characteristics in AWGN Channel

In this paper, MHP of order 1st to 5th are considered as the
transmitted UWB signal. Any distortive effects that anten-
nas introduce in UWB communication are removed from
consideration. The MHP waveforms both in time and fre-
quency domain are shown in Fig.6. MHP is the smooth
function both in time and frequency domain and easily de-
rived from transformation of the Gaussian pulse. It can be
seen from Fig. 6 that the pulse width and bandwidth of each
MHP is different. These waveforms are just derived from
Eq.(5). First, we show the MSE characteristics of these
normal MHP synthesized by several elementary waveforms
based on trigonometric function in Fig. 7. The Fourier fun-
damental period is 1 [ns]. Note that any noise effect is not
considered in MSE characteristics. MSE just means the
degree of approximation between the ideal waveform and
synthesized waveform. It can be seen from Fig. 7 that the
MSE decreases as the number of elementary waveforms is
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Fig.8  MSE characteristics of synthesized MHP waveforms. Each MHP
has the same bandwidth 3.2 [GHz]. (pulse width 7 = 2.0 {ns})

increased. The required number of elementary waveform
to achieve MSE = 0 for all MHP is N = 7. Due to the fact
that the MSE characteristics are highly depends on the band-
width of synthesized pulse in applying trigonometric func-
tion to synthesis, the curves for different order MHP per-
form differently. In order to adjust the frequency bandwidth
of MHP, we adopt new parameter ¢ and rewrite Eq. (5) as
follows:

7

1 7
Hy(1) = (=1)'¢37 d—e_(ﬁy (45)
dr

By adjusting « for each MHP, it is possible to make each
MHP have the same bandwidth. The MSE characteristics
of these adjusted MHP are shown in Fig. 8. The —10[dB]
bandwidth of Al MHP are 3.2 [GHz] and the parameter @ of
each MHP are 2.1,2.45,2.7,2.9,3.1 respectively. The dif-
ference of each MSE curve is smaller than that of Fig. 7. The
waveform synthesized by trigonometric function is a type of
multicarrier based waveform. Therefore its MSE character-
istics mainly depend on the bandwidth of each signal.

The difference of MSE characteristics based on three
kinds of elementary waveforms, trigonometric function,
Modified Laguesre polynomial and Legendre polynomial is
shown in Fig.9. The 1st order MHP whose pulse width is
T = 1.0[ns] is synthesized. It can be seen that the MSE
characteristics highly depend on the elementary waveform
used for synthesis. Every MSE curve shows exponential de-
cay, which indicates that these elementary waveforms can
be used as complete sets to synthesize template waveform.
The required number of elementary waveforms to achieve
small MSE depends on the correlation value between ideal
waveform and each elementary waveform. If we consider
a(t) = )75y CiLi(t) as ideal waveform, the distribution of
correlation value between a(f) and each orthogonal basis
Li(¢) (i € [0, co]), is derived as the following inductive func-
tions.

¢; = max f

vl

A,v(t)L,,(l‘)dt} for Vn € [0, oo} (46)

ol
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Fig.9  The difference of MSE characteristics based on three kinds of el-
ementary waveforms, trigonometric function, Modified Laguerre polyno-
mial and Legendre polynomial. The Ist order MHP is synthesized. (pulse
width 7 = 1.0 {ns])
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Fig.10  Distribution of coefficients vector €. Three different orthogonal
basis are considered to synthesize the st order MHP.

v
l; = argimax f AOL(0dt s for¥Yn € [0,00]  (47)

n

talm

Aty = A () = Cim Ly (1) (48)
Co=0, Ip=0, Ag(t) = a(r)

where C; denotes the ith largest coefficient value corre-
sponding to a certain elementary waveform whose order is
J;. Figure 10 shows the distribution of coefficient vector C;
(7 € [1,20]), where these three orthogonal basis are consid-
ered to synthesize the 1st order MHP. It can be seen from
Fig. 10 that the trigonometric function has a few large val-
ued coefficients compared with other basis, which reduces
the required number of elementary waveform for synthe-
sis as shown in Fig.9. Due to tha fact that the waveform
of Modified Laguerre polynomial has great fructuation un-
like trigonometric function and Legendre polynomial, the
required number for synthesis is quite large.

According to Fig. 7, the MSE value corresponding the
template waveform synthesized by certain number of ele-



TANIGUCHT and KOHNO: DESIGN AND ANALYSIS OF TEMPLATE WAVEFORM FOR RECEIVING UWB SIGNALS

MHUP 131,
Synthesized

MSE =0,
Theary

MSE = 5th,
Synthesized

MSE =0.5,
Theory

“F MHP st Synthesized

n

10 12 14 16

0 2 4 6 8
EL/NO [dB]

Fig.11  The comparison of BER performance between simulation results
and theoretical curves for UWB-BiPhase in AWGN channel.

mentary waveforms can be found. The theoretical BER per-
formance of certain MSE value is derived from Eq.(34).
The comparison of BER performance between simulation
results and theoretical curves for UWB-BiPhase in AWGN
channel are shown in Fig. 11. Theoretical curve of MSE =
0 is compared with simulation result where Ist order MHP
synthesized by 6 elementary waveforms based of trigono-
metric function is applied as template waveform at the re-
ceiver, MHP puilse width is 7 = 1.0{ns] and one pulse
represents one symbol, Note that ideal synchronization is
assumed between the transmitter and receiver during the
simulation procedures. Analogously, theoretical curve of
MSE = 0.5 and 0.8 are compared with 5th order MHP tem-
plate synthesized by 3 elemenatary waveforms and 1st order
MHP template synthesized by 1 elementary waveform re-
spectively. The number of elementary waveform for synthe-
sis are derived from Fig.7. 1t can be seen from Fig. 11 that
each theoretical curve of certain MSE value has the same
performance with the simulation results using synthesized
template waveform at the receiver.

4,2 Adaptive Template Synthesis Method

In multipath channel, we mainly consider Intra-pulse Inter-
ference (IPI) problem which is occurred when the multi-
path components are distributed more closely than typical
pulse width. We analyze the adaptive template method men-
tioned above, and show some simulation results. As mul-
tipath model, we apply IEEE 802.15.3 UWB indoor mul-
tipath channel model (CM1), and assume that the channel
delay profile remains time-constant during the transferring
process of each packet. As a packet constitution, we con-
sider several pilot symbols and 1000 data symbols for each
packet. Each pulse represents one symbol and pulse repeti-
tion period is assumed to be long enough to ignore IS1. The
transmitted UWB pulse a(r) is always assumed to be the 2nd
order MHP whose pulse width is 7" = 1.67 [ns] and template
waveform is synthesized adaptively for each packet by us-
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Fig.12  BER characteristics of the proposed template waveform with dif-
ferent pilot symbols. As for proposed system, 20 symbols per packet means
10 symbols for estimation and 10 symbols for synthesis. 40 symbols per
packet means 10 symbols for estimation and 30 symbols for synthesis. 100
symbols per packet means 10 symbols for estimation and 90 symbols for
synthesis.

ing trigonometric function. 100 channel realization are used
and 1 packet including pilot and data symbols are transmit-
ted for each channel realization at each value of noise. Atthe
proposed receiver, only results from the single major Rake
finger are always considered (i.e., S-Rake with 1-finger). In
Fig. 12, the “ideal template” curve means that the receiver
knows the channel information perfectly and uses template
waveform which is strictly matches to the received wave-
form distorted by IPI, and correlated at the right moment
with the proper coefficient. Figure 12 shows the BER char-
acteristics of the proposed template waveform with different
pilot symbols for each packet. Both of the conventional and
proposed receiver are assumed to be S-Rake receiver with |
finger. The proposed system uses 20, 40 and 100 pilot sym-
bols per each packet in which the first 10 symbols are used
for estimation of maximum path gain and the other symbols

re used for synthesis. It can be seen from Fig. 12 that'the
performance of conventional system little depends on the
number of pilot symbols because these pilot symbols are
used for the estimation of only one maximum path gain. On
the other hand, the proposed system depends on the num-
ber of pilot symbols greatly due to the fact that the adaptive
synthesis of template waveform is achieved by reference of
several pilot symbols and the effect of AWGN is mitigated
as the number of reference symbol is increased. 1t is impos-
sible for the conventional receiver to show the same perfor-
mance with the ideal template as shown in Fig. 12 because
of the existence of mismatch between the template wave-
form and the received signal distorted by the effects of IPI.
The proposed system can achieve the performance of the
ideal terplate by using several pilot symbols to synthesize
the desired waveform under the high SNR region. In low
SNR region, due to the fact that the proposed system refers
severely distorted pilot signal for synthesis, the performance
gets worse. Therefore some compensation techniques are
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In addition, proposed system uses more 30 pilot symbols for template syn-
thesis.)
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Fig.14 BER characteristics of the proposed system and the con-
ventional P-Rake receiver when the pulse width is changed to 7 =
0.167,1.67,16.7 [ns].

required in low SNR region, like equalization or synchro-
nized summation. The switching method from conventional
template to adaptively synthesized template depending on
SNR is also effective.

Figure 13 shows the difference of BER performance
when the number of finger at the conventional P-Rake re-
ceiver is changed. It is assumed that the both system use 10
pilot symbol per packet for path gain estimation. In addi-
tion, proposed system uses more 30 pilot symbols for tem-
plate synthesis. As the number of finger increases at the
conventional system, the performance gets better, and the
SNR area where the proposed system can show the effec-
tiveness gets smaller. While the proposed system highly de-
pends on the number of pilot symbols as shown in Fig.12,
it can be seen from Fig. 13 that the performance of conven-
tional receiver highly depends on the number of Rake fin-
ger. On the other hand, Fig. 14 shows the difference of BER
characteristics when the transmitted pulse width is changed,
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Both of the proposed and conventional system uses 20 pilot
symbols for each packet and the number of P-Rake finger
of conventional detector is 10. The proposed receiver uses
more 20 pilot symbols per packet to synthesize the template.
As the pulse width is getting wider, the correlation window
becomes wide, which lead to better performance for both
system. The degree of improvement of performance in high
SNR region is remarkable for the proposed adaptive tem- .
plate system. The proposed method enables the received
system to have more ability in the sense that it becomes
possible to achieve the same performance as the precisely
matched filter even in the multipath environment.

5. Conclusions

In this paper the template synthesis method for detecting
several types of UWB received signals is analyzed. This
system uses a set of locally generated elementary wave-
forms to synthesize UWB signals. We show the number
of elementary waveforms to attain the desired performance.
In constructing the synthesized template waveform, several
orthogonal functions, such as trigonometric function, La-
guerre polynomial and Legendre polynomial are considered.
We have found that by using any orthogonal function, it is
possible to detect several types of UWB signals and bit er-
ror rate performances come close to that of the matched fil-
ter based detector. This template generation technique for
UWB communications allows to detect any UWB signal by
adjusting the number of elementary waveforms and their co-
efficients appropriately without conventional matched filter
technique. This property makes the proposed receiver so
flexible.

In addition, we propose the adaptive template synthesis
method in multipath channel. Under the condition that there
is severe Intra-Pulse Interference, the proposed receiver can
synthesize the suboptimal template waveform by using a
number of pilot symbols.

In future we intend to investigate the performance
of the proposed system when inter symbol interference is
present.
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Hadamard-Hermite Template Design for

UWB Communications
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SUMMARY  In this paper we present a novel method for improving
RAKE receiver reception in UWB systems. Due to the fact that practical
pulses that can be produced for UWB-IR (Ultra Wideband-Impulse Radio)
may occupy a longer time than the typical multipath resolution of the ac-
tual UWB channel, multiple channel components may arrive within this
typical pulse width. Performance degradation may occur due to the result-
ing intrapulse (overiapping received puises) interference. We here propose
an adaptive, pilot aided RAKE receiver for UWB communications in the
multipath environment. The proposed system estimates the actual received
signal with intrapulse interference in each RAKE finger using projections
onto a Hadamard-Hermite subspace. By exploiting the orthogonality of
this subspace it is possible to decompose the received signal so as to bet-
ter match the template waveform and reduce the effects of intrapulse in-
terference. By using the projections onto this subspace, the dimension of
the received signal is effectively increased allowing for adaptive correla-
tor template outputs. RAKE receivers based on this proposal are designed
which show significant performance improvement and require less fingers
to achieve required performance than their conventional counterparts.

key words: ultra wideband, RAKE receiver, multipath, orthogonal Hermite
pulses

1. Introduction

UWRB systems have recently become a popular topic of re-
search as they promise very high speed wireless communi-
cations with many advantages over conventional radio sys-
tems [1],[2]. Such systems offer the possibility of very low
cost, high speed links over a short range (< 10m). These
links are hoped to support transmissions such as digital
video while doing away with unsightly and inconvenient ca-
bles. Further possible applications include sensor networks
and Personal Area Networks.

Typically UWB-IR systems communicate using trains
of very short (1 ns or less) pulses with a very low duty cycle.
The energy is thus spread over a wide range of frequencies
or bandwidth, resulting in a low power density at any sio-
gle frequency. The extremely wide bandwidth gives UWB
systems their strength. One problem, however, is that the
received signal suffers from a significant multipath environ-
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ment with relative path delays that are shorter than the du-
ration of a typical realistic puise ([3]-{6]). This fact will
lead to intrapulse interference, as received pulses will over-
lap due to the close arrival times of the multipath compo-
nents. This in turn will adversely affect the performance of
any correlation based receiver,

The high degree of path diversity that is present, on the
other hand, can be utilized and exploited by using a RAKE
like structured receiver (e.g.[7],[8]). Due to the fact that
the inter-arrival times of the multipath components are not
integer multiples of the pulse width, only a highly compli-
cated fractionally spaced (FS) receiver utilizing maximum
likelihood (ML) detection can compensate for the intrapulse
interference that will be observed [8]. The problem with
such receivers is that they are extremely complex and re-
quire sampling at least at the Nyquist rate (which is imprac-
tically high in UWB systems as it may be in the order of tens
of Gigahertz). They also require perfect knowledge of all
multipath component amplitude and arrival times and will
therefore require complex channel estimation algorithms for
any realistic implementation.

One alternative option recently considered to improve
this situation is to use the Transmitted Reference (TR) sys-
tem {([9],[10]). Here pulses are transmitted in pairs, an un-
modulated reference pulse followed by the modulated data
pulse. The resulting received reference waveform is stored
and used as the correlation template for the following mod-
ulated data pulse. Such a system is seen to be quite energy
inefficient as two pulses are needed per data symbol. In ad-
dition the reference received waveform needs to be stored in
an analog manner for correlation with the modulated pulse.
This may be impractical and inefficient in reality.

Simplified RAKE receivers are therefore still a definite
candidate for UWB transmission, but will suffer not only
from relatively high complexity (due to the number of fin-
gers and correlators required) but also from inefficient en-
ergy capture due to intrapulse interference. In this paper
we propose a fingerwise modification to the RAKE receiver
which attempts to improve this intrapulse interference prob-
lem.

Orthogonal pulse designs, such as those based on Her-
mite functions have been proposed for use in UWB sys-
tems so as to implement M-ary Pulse shape modulation
(PSM) [11]-[13]. Use of such orthogonal pulse shapes are,
however, thought to be severely hampered by the multipath

Copyright © 2005 The Institute of Electronics, Information and Communication Engineers
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channel. Recently it is therefore thought that use of these
orthogonal pulses is impractical for UWB. We here propose
an alternative application of such orthogonal functions for
intrapulse interference compensation in a RAKE Receiver.
A set of such orthogonal pulses form an orthonormal ba-
sis which can be exploited in many circumstances. Many
signals can be approximately reconstructed by decomposi-
tion onto such an orthogonal basis. We therefore propose
to decompose the received signal in a given multipath en-
vironment in each finger of the RAKE using a Hadamard-
Hermite subspace. The decomposed signals therefore rep-
resent reconstructions of the actual received signal, while at
the same time increase the dimension of the received signal
(to the size. of the subspace) and allow the receiver to adapt
its correlator template function closer to the actual received
waveform. Instead of using the results of only one correla-
tor for detection, use is now made of a bank of correlators,
one for each of the orthogonal functions. This can be used
to reduce the effect of intrapulse (intra-symbol) interference
and increase the effective energy captured by the system.

The remainder of the paper is organized as follows. In
Sect. 2 we introduce a brief background to the problem and
discuss some relevant issues. In Sect. 3 we present our pro-
posed system, in Sect. 4 we evaluate the performance of the
system and present some simulation results and finally con-
clusions are given in Sect. 5.

2. The Multipath Channel and RAKE Receivers
2.1 Channel Model

A major concern in the implementation of any UWB sys-
tem is the effect that the UWB multipath channel will have
on performance. Much work has been carried out on chan-
nel measurements and modeling (e.g. [4]-[6]). A model that
appears to have been widely accepted at this stage has been
proposed by the IEEE P802.15.3a working group [3]. This
model is based on the Saleh-Valenzuela model [14] with a
couple of modifications. The model demonstrates a ciuster-
ing phenomena of the multipath components into a number
of discrete clusters. Each cluster in turn consists of a number
of rays arriving in a certain spread of time. In addition it has
been observed that each cluster exhibits independent fading
as well as each ray within the cluster. This fading has also
been seen to follow a log-normal distribution. The phase is
randomly distributed to +1 representing channel inversions
that may occur due to reflections of the waves off any solid
objects. The model is represented by:

K

L
WO =X 3" )" bl =T) = i), (1

=0 k=

where ay, are the gain coeflicients, 7 is the arrival time of
the ith cluster with 7;, being the relative arrival time of the
kth ray within that cluster (relative to the first arrival path
within the cluster (tg,;). Both the cluster arrival rate and ray
arrival rate are exponentially distributed, and the multipath
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Table 1 IEEE P802.15.3a working group channel model parameters,
showing distance, line of sight, mean excess delay 7, and RMS excess
delay Tpmy.

Channel CM1 | CM2 CM3 CMA4
Distance (m) 04 04 4-10
(Non) Line of sight LOS | NLOS | NLOS | NLOS
Ty (N8) 5.05 10.38 14,18
Ty (BS) 5.28 8.03 14,28 25

gain magnitudes X are log-normally distributed. Four differ-
ent models representing different distances of transmission
with both LOS and NLOS ((Non)-Line of Site) have been
proposed. Table 1 gives some of the most important channel
parameters for these channel models labeled CM1-CM4.

In this work the principles of design are introduced
using models CM1 and CM2, representing both LOS and
NLOS channels with a typical transmission distance of 0—
4 meters. These channels together with CM3 represent
the most likely application scenarios considered here, while
CM4 is a long range outdoor channel. Simulation results
will however show that similar improvements are also at-
tainable in CM3 and CM4 using the proposed design.

We consider a multipath channel produced from the
above model. One interesting thing to note about the UWB
channel is that the multipath is quite dense, especially in the
NLOS situation and may result in severe intrapulse inter-
ference. The pulse repetition time is considered to be much
longer than the delay spread of the channel, thus avoiding in-
tersymbol interference and giving a low probability of mul-
tiuser interference in the system.

2.2 RAKE Receivers

RAKE Receivers utilize the path diversity that is available
in a multipath channel. This is achieved by splitting the re-
ceived signal into a number of time components (fingers)
for correlation. The conventional RAKE receiver consists
of multiple correlators (termed fingers) which can extract
the received signal at each different correlation time instant.
Correlation is carried out using the expected received signal
as the matched filter template. Conventionally each finger is
positioned at the time instant of one of the resolved multi-
path components of the channel obtained by accurate chan-
nel estimation. The outputs of the fingers are then given ap-
propriate weights and combined, using suitable combining
methods, so as to obtain the advantages of multipath diver-
sity {71, [8], [15]-[17].

Such a RAKE receiver can be implemented using a
matched filter followed by a tapped delay line combiner
with j taps. The number of taps in such an implementa-
tion is equal to the number of RAKE fingers and determines
the instant in time that each correlation result is measured
[15]. The RAKE system can resolve multipath components
whose delays differ by at least one chip duration T, (the
RAKE resolution), which is typically the width of the tem-
plate function or pulse width. The output of the correlator is
therefore sampled at the time positions of the RAKE fingers
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and combined appropriately.

The term all RAKE (ARake) refers to a receiver with
unlimited resources [16], i.e. limitless fingers and path res-
olution. It attempts to position a finger at each and every
resolved arrival path at the receiver so as to capture all of
the impinging energy. This type of receiver also requires
instant reconfiguration of the fingers for whenever the chan-
nel changes. Such a system is extremely complex, utilizes a
large amount of power and is rather impractical. In reality
each finger is of the order of a pulse width which is typically
much larger than the multipath resolution. The performance
of the correlators would suffer due to the intrapulse inter-
ference that results. One possible solution is to use many
overlapping RAKE fingers, termed a Fractionally-Spaced
RAKE (FSRake), together with the transmission of multi-
ple pilot symbols so as to estimate the relative delays and
magnitudes of all the paths accurately. This requires a large
number of RAKE fingers and results in large complexity
and energy issues in the combining procedure. Additionally
overlapping fingers, as well as intrapulse interference will
be limiting factors in such a receiver, as the chip duration is
equal to the correlator template pulse duration (T, = T,). A
typical RAKE combiner is therefore limited by power con-
sumption, energy of the signals, design complexity and the
channel estimation available.

Many reduced complexity RAKE designs exist, and in
this paper we consider 2 broad types of reduced complex-
ity RAKE receivers, namely the partial RAKE (PRake) and
selective RAKE (SRake) [15]. The PRake assumes that the
arrival time of the first path is known, the first finger is posi-
tioned at this instant and the rest of the fingers are then posi-
tioned at subsequent multiples of the finger resolution. The
SRake first scans the multipath delay spread signal and se-
lects the highest energy paths to position its fingers thereby
capturing maximum energy for a given number of fingers.

In this paper we attempt to find an alternative solution
to the typical RAKE receiver. We consider a system where
perfect channe! estimation is not available at the receiver. In
addition we assume full independence between RAKE fin-
gers, therefore no two fingers can overlap, implying aRAKE
resolution that is equal to the pulse width. Effectively this
is a situation when the RAKE resolution is lower than the
multipath resolution. We also assume that the system uses
maximum-ratio combining [18].

3. Proposed System

As mentioned before orthogonal pulse shapes and PSM have
been proposed for use in UWB systems. Use of such orthog-
onal pulse shapes may be hampered by the multipath chan-
nel. The overlap of pulses due to the intrapulse interference
will lead to severe loss of orthogonality and thereby, it is
thought, render any PSM system useless. The feasibility of
PSM seems to only be realizable when extremely short dura-
tion pulses (shorter than the multipath resolution—possibly
some 10's of picoseconds) can be produced, thereby avoid-
ing intrapulse interference and maintaining orthogonality.
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In this paper we will however show that such pulse shap-
ing may still prove useful in detection for UWB systems.

3.1 RAKE Fingers

We propose a finger-wise modification of the RAKE re-
ceiver based on the decomposition of received signals using
a Hadamard-Hermite orthonormal basis.

We assume that the transmitted pulse wrp is the tra-
ditional 1-st order Hermite pulse. Antenna effects are ig-
nored or assumed to be compensated for (e.g. differentiating
effects are compensated by the inclusion of integrators), so
the received waveform wge = wrg. It is noted that the trans-
mit and receive antennas are known to differentiate the sig-
nal {12] (implying a second derivative received waveform),
while the channel is believed to have an integration effect
[19]. This means that we cannot produce any pulse lower
than O-th order and cannot receive one lower than 1-st order,
This motivates the use of the 1-st order pulse here.

Using the 1-st order waveform means that the con-
ventional RAKE receiver matched filter template function
would be

T(1) = wre(t). (2)

The proposal here is for a finger-wise improvement to the
RAKE receiver system. Each finger in the RAKE receiver
will follow the modifications that will here be proposed and
described for a single major RAKE finger. This major finger
is defined as one that is centered on the maximum magnitude
received path for any given instance of the IEEE channel
model.

The received signal in the absence of noise p(r), for a
finger of pulse width 7 centered at time #y is defined as

T, T,

plt) = Z apwre(t ~ty ~Tr) TE [— }, 3
=

272
where v is the number of multipath components arriving in
the duration of the finger (T,) and a; and 7; represent the
magnitude and relative delay of the k-th arrival path. 1,
represents the mismatch between transmitter and receiver
clocks. We assume perfect synchronization, so t,, = 0.

Figure 1(a) shows an example of the multipath chan-
nel components contained in such a major RAKE finger
centered on the strongest multipath component and (b)
shows the resulting received signal (p(r)) (composed of the
weighted sum of shifted wgc) in the absence of noise for this
finger. Also shown is the conventional RAKE finger tem-
plate function 7'(f) for comparison. As seen, multiple com-
ponents may arrive within the pulse width (here assumed to
be T}, ~ 1 ns) resulting in a mismatch between p(t) and T(1).

The RAKE finger performs detection by correlating the
received waveform with the expected template.

v() = fp([)T(r - 7)dt. 4)

=~
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Fig.1  (a) Example of major RAKE finger showing amplitudes and rel-
ative delays of the multipath components, (b) resulting noiseless received
waveform (p(f)) and correlator template 7'(¢) in the major RAKE finger for
channel shown in (a).

If we consider Antipodal Binary Pulse Amplitude Modula-
tion (BPAM) (i.e. a “1” is represented by wrr(?) and a “0”
by —wrg(t). Detection can be carried out as follows:

if yn)>0

i
m:{o it (1 <0 5)

The intrapulse interference can clearly be seen to have
an effect on the performance of such a correlation procedure
as the template T'(¢) is not matched to p(r), especially in the
presence of noise. The closer the template T(r) resembles
the actual noiseless received signal p(r) the better the per-
formance would be, as optimal correlation is achieved when
the signals match exactly.

3.2  Hadamard-Hermite Decomposition

The proposal in this paper is to use 2 Hadamard-Hermite
subspace to decompose the received signal and more closely
match the template to it.

Let the n-th order Hermite polynomial be defined in
the interval ~co < ¢ < co of a normalized time scale by the
Rodrigues formula as follows [21]

i

i d 2
Pn(t) = (_])”31 '&FC’M, n €N, (6)

The normalized orthogonal Hermite pulses ¢, are then
defined by [12]:

[T RN

ez Py(t)

—_—)
A2

where n is the order of the polynomial, and n = 0, 1,...,
—-co < t < co, These pulses are orthogonal in time and have
a number of attractive attributes. They are based on smooth

() = (7
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functions which implies they can be feasibly produced, and
are also well contained in both frequency and time. In addi-
tion closed form expressions for the cross correlation func-
tion for any pair (n, m) of such functions has also been found
[12}:

Rn.m(T) = f ‘;Dn(f)l//m(f -~ T)dr

(_1)2m+nT1n+n W i_:“’”"'” (-1 )kT~2k \/Z]\_
= e e
Qi o (I'l - /{)!(}71 - k)'/\‘
(8)

where | (m, n)] denotes the minimum between » and m.

We further define the basis of Hadamard-Hermite
pulses as follows, Consider an n x n Hadamard matrix
H = h;; where the entries A;; are either +1 or ~1 such
that HH' = J* where H' is the transpose of H and I" is
the nth order identity matrix. Such a matrix H is defined
as the nth order Hadamard matrix. The order of such a ma-
trix is limited to 1, 2 or 4n where n is an integer. Given a
Hadamard matrix H of order N, the normalized Hadamard-
Hermite pulse is therefore defined as:

|
) = —= Rt (), 9
0) W;umu 9)

Given the orthogonality of both H and ¢, (¢) it follows
that

oa

| ec,,.(tm(r)dr:{? fonEm (10)

n=m

-0

These Hadamard-Hermite pulses therefore form an
orthonormal basis which we refer to as the Hadamard-
Hermite space. The reason for using Hadamard-Hermites,
as apposed to plain Hermites is to do with the effective uti-
lization of energy and will become evident when the signal
detection is considered in the next subsection. An improved
template function (77*(r)) which more closely approximates
p(t) can now be found if the projections of the received sig-
nal onto this Hadamard-Hermite space are used. Mathemat-
ically

N—1

POy =T = ) cxpuld). (11)

k=0

The coefficients ¢, are seen to be the cross correla-
tion between the received signal p(¢f) and the k-th order
Hadamard-Hermite pulse ¢ (t), i.e.

oo

cp = f er(Np(tidt. (12)

—oe

Solving this equation using Eq. (8) we {ind that the decom-
posed pulse more closely represents the received signal than
the conventional 7(¢). Figure 2(a) illustrates the reconstruc-
tion 77(r) of the received waveform p(t), which was used
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Fig.2  (a) Reconstruction of p(f) using Hadamard-Hermite space and (b)
the average relative error in the reconstructed waveform in the major RAKE
finger for different dimensions of Hadamard-Hermite space.

in Fig. 1, using different dimensions of Hadamard-Hermite
space. As can be seen the waveforms obtained far closer re-
semble the actual p(r) when compared to the conventional
Template. For correlation purposes it can be seen that these
waveforms are far more useful and would lead to improved
performance when compared to the conventional template.
Figure 2(b) shows a plot of the average relative square error
in the reconstructed wave obtained from the major RAKE
finger using 100 realizations of the IEEE CMI1 channel
model. Relative square error RS E, is calculated for sam-
pled versions of p and 7* (with k samples) using,

k=1
D () =T ()
lp =T _ |0

|]'{ k=1 )
120)
V=
It is seen that the larger the dimension of the Hadamard-

Hermite space the closer the reconstructed wave 77(f) re-
sembles p(r) and the lower the relative error is.

RSE(T) =

(13)

3.3 Signal Detection

The single matched filter of the RAKE Receiver is replaced
with a bank of M correlators (each one consisting of a
Hadamard-Hermite pulse from a dimension M Hadamard-
Hermite space). We once again assume that BPAM mod-
ulation is being used. In the ideal noiseless case we see
from Eq. (12) that the outputs of these correlators to an in-
put wpre(t) would be,

c=1{ce,Chhe vt )y (14)
and if the input was —wge(t) we would get —¢. In reality of
course the system experiences noise and other distortions in
both the channel and receiver hardware resulting in an actual
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recetved signal:
r(t) = p(t) + w(t) (15)

where w(t) is the additive noise and other interference. The
outputs of the correlators with input #(f) would now be:

d:{d()sdlw"-sdl\/f—l}s (]6)
where
dy = f(pk(t)r(l‘)dt. ‘ (17

The proposed system uses the data-aided (DA) approach,
where a number of known pilot symbols are transmitted
at the beginning of the packet to estimate ¢. The rest of
the packet is decoded based on this estimated information.
This is in accordance with the IEEE P802,15.3 UWB chan-
nel model which states that the channel is assumed to be
time-invariant during the transmission of one packet if it is
shorter that 200 us. Channel realizations are also assumed
to be independent between packets. Using ¢ as the reference
detection can now be carried out as follows:

R
n=N g

The dimension of the detection is effectively increased, as
the outputs of all the M correlators are used in detection.
This is advantageous to the performance of the system as
was shown in [12].

if ¢-d’">0

if c-d’ <0 (13)

3.4  Energy and Hadamard-Hermites

At this stage comment should be made about the use of a
bank of Hadamard-Hermite as apposed to plain Hermite cor-
relators. One undesirable consequence of using plain Her-
mite functions would be the sub utilization of the available
energy. If we consider the “ideal” case where we have only
one arriving pulse centered in the finger. If, in addition,
wge is the l-st order Hermite pulse, then only one of the
correlators in the bank of Hermites would output a value
(i.e. ¢;). All others would have zero outputs, which is sub-
optimal, even though a single pulse centered within a finger
should intuitively be the best situation. Under the same con-
ditions, the Hadamard-Hermite bank would have non-zero
output values on all its correlators.

An alternative explanation can be seen by looking at
the decision process. Errors are effectively determined by
the metric distance between the detection vector ¢ and the
vector of noise processes w, at each correlator output, i.e.
the metric:

M-I M-I
A(C,O’w):E ZCH - an s (19)
n=0 n=0

where E[] denotes expectation and it is assumed that all w,
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Fig.3  Mean decision metric distance for plain Hermite (solid lines) and
Hadamard-Hermites (dashed lines) with differing SNR values.

are independent zero mean Gaussian processes with vari-
ance a,,. Figure 3 gives a plot of these metric distances com-
paring Hermites and Hadamard-Hermites at different SNR
values obtained by measuring the average metric distance in
the major RAKE finger considering 100 channel instances
of CM1. It is clearly seen that the plain Hermites suffer
from suboptimal utilization of the energy. The Hadamard-
Hermite solution maintains the same mean distance regard-
less of the number of elementary shapes used. The advan-
tages of the Hadamard-Hermite are therefore clear.

3.5 Subspace Size

We initially assume that perfect knowledge of the reference
vector c is available. This can be obtained by transmitting
suitable pilot symbols as will be seen in the next subsection.
The payload length of each data packet is assumed to be
1024 bits.

One problem of course is the larger the size of the
Hadamard-Hermite subspace, the more complex the result-
ing pulse shapes become (more zero crossings in a short
space of time). These may prove difficult and impractical
to accurately produce in reality. Using a very large sub-
space size may unnecessarily increase the complexity of the
systemn implementation, possibly with little gain in perfor-
mance. The effect of subspace size on the performance of
the system needs to be investigated. To this end a system
with a single major RAKE finger (as described before) is
considered.

Figure 4 shows the Bit Error Rate performance of such
a system with different sizes of Hadamard-Hermite space.
The Received E;/Ny against which error rates are plotted
is defined as the ratio between impinging energy (per bir)
onto the receive antenna and the total noise at the output
of the correlators. It can be seen that using a larger num-
ber of Hadamard-Hermite pulses improves the performance.
One thing to note, however, is that the improvement in per-
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Fig.4  Average bit error rate for major RAKE finger with increasing
Hadamard-Hermite dimension.
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Fig.5  Average bit error rate for major RAKE finger with increasing or-
der of received waveform wyp(t) showing conventional (dashed line) and
proposed system (solid line) using 8 elementary shapes.

formance between 8 elementary shapes and 16 elementary
shapes is relatively small. The increased complexity in us-
ing 16 as apposed to 8 shapes may make this impractical in a
real system. The use of 8 shapes is therefore seen as a good
compromise.

As previously mentioned we are considering a received
waveform wgc(t) that is the standard 1-st order Hermite
pulse. It is noted that this can be substituted for any other
order Hermite pulse. Figure 5 shows the effect in BER in the
major RAKE finger using increasing orders of Hermite re-
ceived waveform wyg(t). As can be seen all the waveforms
give virtually identical BER performance (They cannot be
distinguished). The system here presented is largely inde-
pendent of transmit pulse order (Hermite pulses). A similar
procedure can be followed for other different pulse shapes,
Note these shapes may further be modulated so as to meet



