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Abstract— In impulse radio based ultra-wideband (UWB) mul-
tiuser communication systems, each user’s transmitted symbols
are modulated by pulse position modulation (PPM), and cor-
rupted by both intersymbol interference and multiple access in-
terference at the receiver end. To construct low-complexity linear
receivers for efficient symbol detection, channel information is
needed. In this paper, following a particular input/output model
that transforms a PPM system model into a sum of seemingly
pulse amplitude modulation signals, a structure similar to a code-
division multiple access system, we show that subspace technique
can be applied to blindly estimate multipath channels. Perfor-
mance of the proposed channel estimator is studied. To detect
desired symbols, MMSE receivers are constructed. Simulation
results demonstrate superiority of the proposed method to the
existing maximum likelihood channel estimator.

I. INTRODUCTION

Impulse radio (IR) ultra-wideband (UWB) technology ac-
quires an increasing interest due to the recent release of
spectral mask from the Federal Communications Commission
[1]. A conventional IR UWB system adopts pulse position
modulation (PPM) and transmits trains of time-hopping (TH)
short-duration pulses with a low duty cycle. Consequently,
multipath down to path delay differentials in nanosecond is
resolvable, which significantly mitigates multipath distortion
and provides rich path diversity [2].

In an UWB system, a RAKE receiver consisting of multiple
waveform correlators [2] is generally applied for symbol
estimation. To fully capture signal energy spread over multiple
paths, knowledge of channel parameters is required. However,
in a dense multipath wireless environment, channel infor-
mation is not known a priori. Although channel parameters
can be estimated by maximum likelihood (ML) methods [3],
[4], multiple access interference (MAI) is approximated as a
Gaussian process which may not be accurate. New channel
estimation methods with explicit consideration of MAI need
to be developed. Based on the estimated channel, multiuser
receivers, besides the conventional RAKE receiver, can be also
constructed for better detection performance [5].

In this paper, we develop a subspace based channel esti-
mation method for UWB systems with explicit consideration
of both intersymbol interference and multiuser interference.
The proposed method requires only the second order statistics
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(SOS) of the received signal, which can be easily estimated
from data with low complexity and fast convergence. SOS
has also been employed in acquisition of the arrival time of
the first path of UWB channels [6], linear detection of input
symbols when channels are given [5], [7], [8]. As shown
by [5], an UWB system follows a model similar to a direct
sequence (DS) code-division multiple access (CDMA) system,
if we regard multiple ( � corresponding to the modulation
level) inputs originated from the same user information as
a rate- � user in a multi-rate system. Correspondingly, code
matrices can be clearly defined for each user from its unique
time-hopping (TH) sequence, like code matrices constructed
from spreading codes in a multirate CDMA system [9]. But
they consist of only zeros and ones, indicating existence of
path contributions to the received signal from a multipath
channel. Locations of zeros and ones are different for different
users. Then, a subspace concept [9], [10] aided by unique
code matrices, can be applied to estimate channel vectors
for all users. Since “multi-rate” signals are dependent under
such a modeling and received signal has non-zero mean,
novel adaptation of subspace technique is necessary. Based
on estimated channels, linear MMSE receivers, either applying
direct matrix inversion or using only signal subspace inversion
[10], is considered. The subspace MMSE receiver shows better
performance in general in practical conditions. Performance of
the channel estimator is analyzed.

Some notations following common practice are adopted
throughout the paper. We denote Kronecker product [11] by�

, complex conjugate ( � ) transpose ( � ) by � , inverse by �
	 ,
pseudo-inverse by � , trace of a matrix by ��
���� , determinant
by ��������� . ��� ��� � represents real part, � ��� � expectation, �
�
an identity matrix of degree  whose ! th column is denoted
by " ��# $ , % � is a vector of length  with all elements equal
to one. An estimate of a quantity (scalar, vector or matrix)
is denoted by putting a & over it, and correspondingly, the
estimation error by preceding the quantity with a ' , such as( )

and ' ) for matrix
)

respectively. Meanwhile without
confusing, we also use '*� � � to represent a discrete-time unit
impulse function.



II. DISCRETE-TIME UWB SYSTEM MODEL

Assume there are
�

users simultaneously sharing the spec-
trum in a multiple access (MA) TH-UWB system. The trans-
mitted baseband UWB signal from user � can be described by
[5]��� � � ��� � � �
	�

$
� � 	 � � ��� !�������� � � ! �������������! #" $%$�&�')(#* � (1)

where
� � is the � th user’s transmission power, � � � � is the

baseband monopulse, �+� is the frame duration, ,-� is the
number of frames over which an � -ary PPM symbol repeats,� � � ! �/.10 2435, � �76�8 is a periodic hopping sequence with
period equal to one symbol period. Each chip has duration �9� .: � �<; !>=),?�A@ �B.C0 2D3 �E�F6�8 is the � th user’s information bearing
symbol during the ! th frame, �<� �  >" $
$�& ' (#* � : � �G; !>=), � @ �#H is the
corresponding modulation delay in a multiples of H seconds.
Assume ���I�J,?�>��� and ����� �/H . Eq. (1) shows a nonlinear
relationship between � � � � � and the transmitted information
symbol. However, a linear relationship can be obtained as
shown in [5]. Let us define � virtual inputs for user �
with the K th one as L � # M �<; !>=N,?�A@ �?� 'PO : � �<; !>=N,?�!@ �Q�RKTS .
Clearly, only one of the � inputs will be nonzero each time.
Correspondingly, � pulse-rate code sequences are defined
for the � virtual inputs with the K th sequence as U � # MV�W U � � "DX # M , where

W U � is the chip-rate code sequence with its

! th element defined as
W � � � ! �Y� 'POZ; !>=),[��@!,?�!\]� � �<; !#=N,?�#@ �!��!�S .

Then, (1) can be equivalently expressed as� � � � �^� � � �
	�
$
� � 	

X �
	�MQ��_P` � # M � ! � � � ��� !�H
� (2)

where ! denotes pulse rate index. The pulse-rate spread se-
quence ` � # M � !�� is given by the following multirate convolution

as in CDMA systems with acb� �/,[�>,[�
` � # M � ! �Y� 	�d � � 	 L � # M �fe��>� � # M � !+��ega �)3

� � # M � ! � is the ! th element of U � # M . The transmitted signal� � � � � propagates through a linear channel hi � � � � . At the
receiver, the channel output is first passed through a matched
filter matched to the monopulse � � � � . If we define an effective
channel including effects from modulated pulse at the transmit-
ter, propagation channel and matched filter at the receiver byij� # M � � ��� � M � � �NkQhij� � � �)k � �>� � � where k denotes convolution,
the output of the matched filter, after sampling at pulse rate,
becomesl

�nm �Y� �� # M
o�
$p��_ � � � ` � # M �nmT� !P� � � � i � � !���\rq �nm �)s (3)

where q �nm � and � � denote additive white Gaussian noise
(AWGN) and propagation delay of user � , respectively. The
effective channel delay spread is assumed to be tuH . If we

collect a pulse samples from

l
�nm�aC\C6 �)3<s�s�s�3

l
�nm�a�\vaR�w6 � ,

then the received data in vector followsx9y � �� # M # d<z � # M # d%{ � L � # M �fm|\}e���\r~ y (4)

where symbol index e takes all integers ���nt�=Aa�� , � � � 352 , { � is
an unknown channel vector for user � which contains channel
coefficients at the pulse rate and power factor � � � , z � # M # dis a code filtering matrix constructed from U � # M . This model
can be compactly expressed in another formx y � � � # d^� � # d�� � # y # d \C~ y � � � y \C~ y (5)

after collecting � inputs in a vector� � # y # d ��0 L � # _ �fm�\}e��N3 � � � 3�L � # X � 	 �fm�\re���8 � 3
defining a corresponding effective channel matrix

� � # d ��0 z � # _ # d {�� 3 � � � 3 z � # X � 	 # d {P� 8�3 (6)

and successively stack such matrices (or vectors) in � (or� y ). By employing either structure of (4) or this structure,
all channels can be estimated based on a multirate subspace
concept [9].

III. SUBSPACE CHANNEL ESTIMATION AND SYMBOL

DETECTION

A. Zero-mean data

Let us denote the mean of x9y as hx which can be easily found
from our definition of � � # y # d . Since noise has zero mean even
after the matched filter, we havehx � 6

�
�� # M # d�z � # d # M {P� (7)

where all channel vectors are stacked in a big vector { . Due
to non-zero mean, the autocorrelation of x y has cross terms{ �N� { � ��� of users � 	 and �j� and is not convenient for channel
estimation. Thus covariance is considered. Define a new zero-
mean data vector from x�y as� y � x+y � hx � � � # d � � # df� � # y # d \C~ y � � � y \r~ y (8)

where � � # y # d � � � # y # d � 	X % X all of which are stacked in
a big vector � y with corresponding effective channel matrix
defined as � . For shorter notation, we denote the information
symbol in � � # y # d simply by

:
after ignoring its time and user

dependence. It takes values 2D3 � � � 3 ����6 with equal probability
	X . Then� � # y # d ��0 '*� : �N3 � � � 3 '*� : � ������6�� ��8 � � 6

� % � X s (9)

Denote the covariance of � � # y # d by ��� � � � � # y # dn� � � # y # d � .
According to the distribution of

:
, it can be found that

�7� 6
�

X�
$
� 	 W " X # $ W " � X # $ 3 W " X # $P� " X # $�� 6

� % X s (10)



After simplification, it becomes � � 	X � ��XE� 	X % X % � X �
which is easily shown to have rank � �r6 since 	� X % X is a
unitary vector. Thus its eigenvalue decomposition (EVD) has
a form � ��� ��� � � � � � where � � is of ��� ��� � 6 � and� � is a ��� �C6 ��� ��� �r6�� diagonal matrix with all positive
entries.

B. Channel estimator

The ideal covariance of � y is then derived as follows� � � � � y � �y � � � � # d � � # d � � � � # d \}H �	 ��
 s
Meanwhile, � � # y # d can be whitened and correspondingly (8)
becomes � y � � � # d � � # d � � � � W� � # y # d \C~ y (11)

where
W� � # y # d has identity covariance. Assume

�
is decom-

posed by EVD as� �
������� y���� � � �� � y�� � � � �� �y � 3 � y � H �	 � 
 ��� 3
(12)

where � ��� � !� i ��� � 	 3 s<s�s�3 � �� � , ��� and � y represent
the signal and noise subspaces respectively. Based on or-
thogonality principle, � �y � � # d � ��� � ��� or equivalently� �y � � # d � � � � for all possible � and e . Denoting the ( !�3"! )th
element of � � by # $ # $ . Then we have� �y 0 z � # _ # d { � 3 � � � 3 z � # X �
	 # d { � 8%� � �&�
which can be expanded column by column as� �y('}� # d # $ { � � �P3�![�/6j3 � � � 3 ����6 (13)

where 'r� # d # $ ��) X$p� 	 # $ # $ z � # $ �
	 # d . Therefore we can design
the following channel estimation criterion for user � by
minimizing total projection error

&{ � �&*,+.-�/�021 � d # $4353 � �y�'r� # d # $ { � 323 � s (14)

After defining 6 � �7) d # $ ' � � # d # $ � y � �y 'C� # d # $ , (14) becomes

&{�� �&*,+.-�/8051 � d # $ { � � 6 � {P� s (15)

&{ � is the minimum eigenvector of 6 � .
C. Linear receivers

In order to detect input symbol in � � # y # d which has only
one maximum while all others are smaller, we need to design
� receivers 9 $ ( ! � 6�3 � � � 3 � ) with each one detecting the
corresponding element in � � # y # d . Then outputs of � receivers
are compared and the index of the maximum element is
determined. Considering

:
takes values 2D3 � � � 3 � ��6 , our

symbol detection criterion can be described as follows: ��*:+;- /<*�=$%>@? 	 #BABABA # X<C ��� � 9 �$ � y �B��6�s (16)

Receiver takes different forms for different types. We are
only interested in MMSE receiver which is applicable to both
uplink and downlink in a multiuser environment and has good
performance in general. Consider the current symbol ( e���2 )
and collect all � receivers in a matrix D � for user � . Based
on (8), the DMI MMSE receivers can be found as follows
after noticing the covariance of � � # y # d is �D � # E�M $ � � � 	 � � # _ � s (17)

The subspace MMSE receivers can also be easily derived [10].
Since � �y � � # _!�7�&� , according to (12), we obtainD � # �GF�H �7� � � � 	� � � � � � # _!� s (18)

IV. CHANNEL ESTIMATION PERFORMANCE

It is found that channel estimator depends on the data
covariance matrix

�
. In practical conditions, together with

the mean of received data vector, it is often estimated from ,
data vectors as follows

&� � 6, &�y � 	 � x+y � & hx ��� x+y � & hx � � 3 & hx � 6, &�y � 	 x9y s (19)

Finite sample size , will yield an estimation error, denoted
as ' � � &� � � . For large , , it can be regarded as a small
perturbation, making perturbation technique applicable [12].

For notational convenience, let I be the noise-free data
covariance matrix I � � �rH �	 � 
 . Then perturbation of ���
has the following form [12]

':� y�J �KI � ' � � y s (20)

Because channel estimate is the minimum eigenvector of 6 � ,
':� y causes an error ',6 � . Then ' { � has the following form
[9], [12]

' { � J �L6 �� ',6 � { � s (21)

According to our definition of 6 � , ',6 � is given by

',6 � J � d # $ ' � � # d # $ 0 ':� y � �y \M� y ':� �y 8 'C� # d # $ s (22)

Substituting (20) in (22) then (22) in (21), and noticing (13),
' {P� is related to random matrix ' � by

' { � J � d # $ 6 �� ' � � # d # $ � y � �y ' � I � ' � # d # $ { � s (23)

The covariance becomesNPOPQ � ' { � � J �d � # d � # $ � # $ �SR d � # $ � � � ' �UT ' � � R �d � # $ � (24)

R d # $ �&6 �� ' � � # d # $ � y � �yT � I � ' � # d � # $ � { � { � � ' � � # d � # $ � I � s
The mean-square-error (MSE) is then ��
�� NPOPQ ��' { � � � . To
evaluate either of them, it suffices to determine a general-form
quantity V

�"W ��� � � ' � W ' � �



for an arbitrary weighing matrix W . Although results for
a system with white inputs have been derived in [13],
unfortunately our current inputs do not satisfy that condition.
Therefore, new results need to be derived by following
procedures therein. For convenience, let us partition matrix� in (8) into

�
sub-blocks as � � 0 � 	 3 � � � 3 � � 8 where

each sub-block corresponds to one symbol irrespective of
user. Then

� � � �#6�\��nt�=Aa�� � . Second order statistics of ' �
with arbitrary weighing matrix W are given in the following
proposition.

Proposition: If channel model follows (5) and data covari-
ance is estimated from , independent data vectors as (19),
then for a real system (all quantities are real),V

� W � � �g, �R6 � �,�� �� d � 	 6
�

X�$ � 	 � W� �d # $ W W� d # $ � W� d # $ W� �d # $� �g, �R6 � �, � �� d � 	 ��
*� � d � � �d W � � d � � �d
� �g, �R6 � �, � �� d � 	 � d � � �d � W \MW � � � d � � �d
\ , ��6, � 0 ��
�� � W � � \ � W � � 84\ 6, � � W �

(25)

while for complex channel and noise,V
�"W � � �f, ��6�� �, � �� d � 	 6

�
X�$ � 	 � W� �d # $ W W� d # $�� W� d # $ W� �d # $� �f, ��6�� �, � �� d � 	 ��
*� � d � � �d W � � d � � �d

� �f, ��6�� �, � �� d � 	 � d �F0 � �d W � d\ � � �d W � d � � 8n� � �d\ , �R6, � 0 ��
*� � W � � \ � � � � � W � � � � � � 8\ 6, � � W � (26)

where we have defined
W� d # $�� � d W " X # $ , � � � � � � for

shorter notations. �

It can be observed that the above results are different from
[13] because of different distributions of inputs. Applying the
fact that

W� d # $ , � d � and I all lie in the signal subspace, one
can verify that for either real or complex case, (24) reduces
to , � 6, � �d � # d � # $ � # $ �SR d � # $ � ��
 � � T � � R �d � # $ � s
Replacing R d # $ and noticing that � y � �y � � y � �y �

H �	 � y � �y , the covairnace can be further simplified asNPO Q ��' { � � J �g, �R6 �#H �	, � �d � # d � # $ � # $ � ��
 � � T ��6 �� ' � � # d 	 # $ 	� y � �y('r� # d ��# $ � 6 �� s (27)

Further, noticing the definition of I , and rewrite it as I �) � # d # $ H �� � 'C� # d # $ { � { � � ' � � # d # $ , we have

��
 � � T � � ��
 � 'C� # d � # $ � { � { � � ' � � # d � # $ � I � �� { � � ' � � # d � # $ � I � 'r� # d � # $ � {��� 6H �� � '*�fe 	 ��e � � '*�2! 	 � ! � �Ns (28)

Applying these results and using the definition of 6 � , (27)
further reduces toNPO Q � ' { � � J �g, �R6 �#H �	, � H �� � 6 �� s (29)

Clearly, the covariance of ' { � or its mean square error is
inversely proportional to the signal to noise ratio, and approx-
imately inversely proportional to the data length , . Moreover,
the � th user’s MSE depends on all users’ time hopping codes
and channel conditions.

V. SIMULATION EXAMPLES

In this section, we verify our analysis, and also compare the
proposed approach with both data-aided (DA) and non data-
aided (NDA) methods described in [4].

We first consider an UWB system with ,-�v�	� , ,[� �

, � ��� , and 
 ��� . Each user’s time hopping codes

and 6�� -path Gaussian channel spread over one frame are
randomly generated once and fixed for all realizations. Each
pulse is generated using the second derivative of the Gaussian
function with pulse width equal to 24s�� ns [2]. Simulation
results are based on 6<2j2 independent realizations. User 6 is
assumed to be the desired user, and the receiver is assumed
to be synchronized to the desired user. Fig. 1 shows channel
MSE versus various , . The experimental MSE curve is seen
to converge to its analytical one (dotted line) for large , ,
validating our MSE analysis.

Next, comparison with [4] is conducted. The data-aided
method and non data-aided methods in [4] are termed as
DA and NDA respectively, and their rake receivers with one
finger and three fingers are named as RAKE-1 and RAKE-
3 correspondingly. For comparison, the proposed subspace
MMSE receiver and the RAKE receivers constructed from
estimated channel vector are presented. We follow system
parameters from [4] as ,[� ����2 , ,?� ��� . Each user
experiences a different three-path channel, where the three
paths are equally spaced at a � -chip interval. The desired
user’s channel has fixed path gains as 2Ds���� , 24s ��� and 2Ds ��� . The
interfering users’ path gains are randomly generated according
to Rayleigh distribution and vary from run to run. �j2�2 symbols
are used for channel estimation. The normalized MSE for the
effective channel is then plotted in Fig. 2(a) � (c) for the



case of 
 � 6 , 
 ��� and 
V� 6G2 respectively. In the
case of 
7�16 , DA shows best performance at low SNRs
at the cost of using training data. In that case, DA is close to
the optimal receiver due to absence of multiuser interference
and negligible intersymbol interference (ISI) compared with
noise power. However, at high SNR where ISI is dominant,
the proposed method, though without the aid of training
data, still outperforms the training based DA and the blind
NDA methods greatly. For the case of 
�� � or 
�� 6G2 ,
the proposed method outperforms DA significantly for most
SNRs examined, and is clearly superior to NDA for all SNRs
examined. The BER performance of different receivers is
demonstrated in Fig. 3 (a) � (c) for different 
 respectively.
In the case of 
 ��6 , the proposed subspace MMSE and
RAKE receivers have very similar performance to the RAKE-
3 receiver of DA, while that the subspace MMSE receiver
shows better performance at high SNR where ISI is dominant.
In the case of 
 � � and 
�� 6<2 , the proposed subspace
receiver shows best performance. The proposed rake receiver
also shows better performance than either DA or NDA method
due to better channel estimation for those cases. In summary,
the proposed method explicitly considers removing multiple
access interference, and thus achieves better performance than
both DA and NDA approaches in [4].
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Fig. 2. MSE of different methods.
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Fig. 3. BER of different methods.


