1 AMETHOD FOR ESTIMATING ONE OR MORE PARAMETERS OF A
ULTRA WIDEBAND SIGNAL AND A RECEIVER SYSTEM FOR
RECEIVING ULTRA WIDEBAND SIGNALS Field of the invention The
present invention relates to a method for estimating one or more
- parameters of a signal in an ultra wideband system, and a receiver for
receiving ultra wideband signals. In partjcular, the methods and receivers
according to one or more preferred embodiments may have particular
application in delay and amplitude estimation in pulse based ultra
wideband (UWB) systems, such as positioning systems. Background of
the invention In positioning systems, a pulse based ultra wideband (UWB)
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(UWB) systems, such as positioning systems.

Background of the invention

In positioning systems, a pulse based uitra wideband (UWB) signal may be
used to estimate the distance of the transmitter from the receiver by
estimating signal arrival time at the receiver. Such a signal may also be used
to estimate the direction of arrival (DOA) of a sighal at the receiver, by
comparing the signal amplitudes received by two directional antennae which
have been placed in a fixed geometrical relationship to one another. A
conventional method for estimating the signal arrival time is by measuring the
amplitude of the received signal and the time at which it exceeds a threshold
value is taken as the signal arrival time. The maximum amplitude value of the

received signal is taken to be the strength of the signal.

The above conventional method is satisfactory in a free space condition, that
is one in which there are no reflections. However, in a system where there
are multiple reflections in the signal path, the reflection signals will overlap
with the direct path signal and this will affect the timing and the amplitude
values determined by the above conventional method. The received signal

will be the sum of the direct-path and multipath signals.



values determined by the above conventional method. The received signal
will be the sum of the direct-path and multipath signals. 2 To increase the
signal to noise ratio (SNR), the cross-correlation between the received
signal and a local stored pulse template may be calculated. Based on the
cross-correlation function, the signal arrival time and amplitude may be
estimated. This is equivalent to a matchgd filter. Unfortunately, cross-
correlation cannot solve the multipath problem described above. In the
publication by Jian Li, and Renbiao Wu entitled "An efficient algorithm for
time delay estimation” and published in IEEE Transaction on Signal
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and solved by the Weighted Fourier transform and RELAXation (hereinafter
referred to as WRELAX) technique, where it was shown that the delay
estimation for every muitipath element of the mixed signal may approach

Cramer-Rao bound (CRB) and hence is optimal.

The WRELAX technique was also disclosed in the publication by Renbiao
Wau, Jian Li, Zheng-shi Liu, entitled “Super resolution time delay estimation via
MODE_WRELAX." Published in |IEEE Transaction Aerospace and Electronic

Systems, Vol.35, No.1, Jan. 1999, to achieve super resolution time-delay
estimation.

When the dimensions of the signals (that is the number of multipath copies of
~ the transmitted signal) are known, the WRELAX technique described in the
publication by Jian Li, and Renbiao Wu entitled “An efficient algorithm for time
delay estimation” and published in IEEE Transaction on Signal Processing.
Vol.46. No.8, Aug.1998 performs satisfactorily. However, it becomes very
time consuming when the number of multipaths is large, due to the multi-level
iterations of the WRELAX technique, which makes operation in realtime

difficult and complex.



Vol.46. No.8, Aug.1998 performs satisfactorily. However, it becomes very
time consuming when the number of multipaths is large, due to the
multi-level iterations of the WRELAX technique, which makes operation in
real-time difficult and complex. 3 Thus there is a need for an apparatus
and method for calculating the amplitude and time of arrival of a signal
from a multipath signal. Summary of the invention In broad terms, the
present invention resides in a method for estimating one or more
parameters of a received UWB signal by inhibiting the effects of multipath
interference to obtain an estimated value or values for the parameter or
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According to a first aspect there is provided a method for estimating one or
more parameters of a signal in an ultra wide band system comprising the

steps of:
(a)  digitizing a received signal to form a digitized signal;

(b)  estimating one or more parameters for a first signal element in the

digitized received signal to define the first signal element;

{cy  removing the defined first signal element from the digitized received

signal to obtain a modified signal;

(d) ~ estimating the one or more parameters for a further signal element to
define the further signal element;

(e}  removing the defined further signal element from the modified signal;

(f) repeating the steps (d) and (e) for a predetermined number of signal
elements;

(g}  obtaining a refined signal comprising the digitized received signal
minus the defined further signal elements with the exception of the signal
element having the greatest amplitude of all of the predetermined number of

signal elements;



minus the defined further signal elements with the exception of the signal
element having the greatest amplitude of all of the predetermined number
of signal elements; 4 (h) re-estimating the one or more parameters for
the first signal element to re-define the first signal element based on the
refined signal minus the signal element having the greatest amplitude of
all of the predetermined number of signal elements; (i) re-estimating the
one or more parameters for the signal element having the greatest
amplitude of all of the predetermined number of signal elements to
re-define the signal element having the greatest amplitude based on the
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of the one or more parameters for the first signal element. Preferably, the
SiEal fliRmepiFameters comprise the amplitude of the signal element,
and/or the delay, wherein delay comprises the time from initiation of a
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signal after digitizing the signal and prior to

) re-estimating the first signal element using the refined signal minus the

re-defined signal element having the greatest amplitude;

(k)  repeating the steps (h) to (j) for a predetermined number of times to
generate a refined estimate of the one or more parameters for the first signal

element.

Preferably, the one or more parameters comprise the amplitude of the signal
element, and/or the delay, wherein delay comprises the time from initiation of
a sampling‘ process to the time of occurrence of the maximum amplitude of

the signal element.

tn a first preferred embodiment, the steps are performed in a time domain and
in a second preferred embodiment the steps are performed in a frequency
domain. In the embodiment where the steps are performed in the frequency
domain, the method preferably further comprises applying a Fourier transform
process to the received signal after digitizing the signal and prior to
performing steps (b) to (k)in a further preferred embodiment, the steps of
estimating the one or more parameters for a signal element comprise
estimating the amplitude of the signal element; the method further comprising
determining the direction of arrival of the received signal at an antenna

system, the antenna system comprising two or more directional antennae



performing steps (b) to (k)In a further preferred embodiment, the steps of
estimating the one or more parameters for a signal element comprise
estimating the amplitude of the signal element; the method further
comprising determining the direction of arrival of the received signal at an
antenna system, the antenna system comprising two or more directional
antennae 5 placed in a fixed geometrigal relationship, the method further
comprising comparing the signal amplitude of the received signal as
determined at step (k) for a first antenna with the signal amplitude of the
received signal as determined at step (k) for the second antenna.
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signal on which steps (a) to (k) are performed, by estimating the time of arrival

of the received signal using the delay as estimated in step (k).

According to a second aspect of the present invention there is provided a

transceiver comprising:
a transmitter;
a receiver; and

monitoring means for monitoring one or more parameters of an
antenna associated with the transmitter to generate a predicted transfer

function for the antenna;

further monitoring means for monitoring one or more parameters of an
antenna associated with the receiver to generate a predicted transfer function

for the antenna associated with the receiver;

the transmitter being arranged to transmit the predicted transfer
function for the antenna associated with the transmitter through a data

communication system to the receiver,;



antenna associated with the receiver to generate a predicted transfer

function for the antenna associated with the receiver; the transmitter

being arranged to transmit the predicted transfer function for the antenna
associated with the transmitter through a data communication system to

the receiver; 6 the receiver being arranged to perform the method steps

(a) to (k) defined above in the method fqr estimating one or more

parameters of a signal based on the received signal and using, in the

step of estimating the one or more parameters for a signal element, the
predicted transfer functions for the antennae associated with the
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a predetermined number of further signal elements to
(@)  adigitizer for digitizing a received signal to form a digitized signal;

(b) a first estimation stage arranged to estimate one or more parameters
for a first signal element in the digitized received signal to define the first
signal element;

(c) a first subtraction stage arranged to remove the defined first signal

element from the digitized received signal to obtain a modified signal;

(d) a second estimation stage arranged to estimate the one or more

parameters for a further signal element to define the further signal element;

(e) a second subtraction stage arranged to remove the defined further

signat element from the modified signal;

6 the second estimation stage further being arranged to estimate the one
or more parameters for a predetermined number of further signal elements to
define the further signal elements, and the second subtraction stage being
further arranged to remove the defined further signal elements from the
modified signal;

()  a refining stage arranged to obtain a refined signal comprising the

digitized received signal minus the defined further signal elements with the



define the further signal elements, and the second subtraction stage being
further arranged to remove the defined further signal elements from the
modified signal; (g) a refining stage arranged to obtain a refined signal
comprising the digitized received signal minus the defined further signal
elements with the 7 exception of the signal element having the greatest
amplitude of all of the predetermined number of signal elements; (h) a
first re-estimation stage arranged to re-estimate the one or more
parameters for the first signal element to re-define the first signal element
based on the refined signal minus the signal element having the greatest
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delay comprises the time from initiation of a sampling rocess to the time
gfedetermined number of signal elements to re-define the signal element

having the greatest amplitude based on the refined signal minus the re-
defined first signal element;

{0 a third re-estimation stage arranged to re-estimate the first signal
element using the refined signal minus the re-defined signal element having
the greatest amplitude;

(k) the first, second and third re-estimation stages being arranged to
repeat re-estimation steps for a predetermined number of times to generate a

refined estimate of the one or more parameters for the first signal element.

Preferably, the first and second estimation stages are arranged to estimate
the amplitude of the signal element, and/or the delay, wherein delay
comprises the time from initiation of a sampling process to the time of

occurrence of the maximum amplitude of the signal element.

In a preferred embodiment, one or more of the stages are arranged to operate
in a time domain.

in a further preferred embodiment, wherein one or more of the stages are

arranged to bp@rate in a frequency domain, the receiver further comprising a



occurrence of the maximum amplitude of the signal element. In a
preferred embodiment, one or more of the stages are arranged to operate
in a time domain. In a further preferred embodiment, wherein one or more
of the stages are arranged to operate in a frequency domain, the receiver
further comprising a 8 processing stage arranged to apply a Fourier
transform process to the received signgl after digitizing the signal.
Preferably, the estimation stages are arranged to estimate the amplitude
of the signal element(s), the receiver further comprising means for
determining the direction of arrival of the received signal at an antenna
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or more directional antennae placed in a fixed geometrical relationship,
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estimate of the signal amplitude of the received signal as determined by the

third re-estimation stage for a second antenna in the antenna system.

According to a fourth aspect of the present invention there is provided a
transceiver system comprising a receiver according to that defined above,
wherein the estimation stages are arranged to estimate the delay for the first
signal element of the received signal, that is the time from initiation of a
sampling process fo the time of occurrence of the maximum amplitude of the
first signal element, the system further comprising means for determining a
distance between a transmitter arranged to transmit the signal received at the
receiver to form the received signal, the means for determining being
arranged to estimate the time of arrival of the received signal using the delay
determined from the refined estimate of the delay by the third re-estimation

stage.

One or more preferred embodiments of the present invention enable more
stable timing and amplitude estimation compared with common conventional
correfation methods as they are robust to multipath distortion and have the
ability to suppress the effects of multipath interference. Furthermore, the

conventional WRELAX NLS technique which is described in, for example, the



arranged to estimate the time of arrival of the received signal using the
delay determined from the refined estimate of the delay by the third
re-estimation stage. One or more preferred embodiments of the present
invention enable more stable timing and amplitude estimation compared
with common conventional correlation methods as they are robust to
multipath distortion and have the ability to suppress the effects of
multipath interference. Furthermore, the conventional WRELAX NLS
technique which is described in, for example, the 9 publication by Jian Li,
and Renbiao Wu entitled "An efficient algorithm for time delay estimation”
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estimating its amplitude and arrival time, and is particularly advantageous
faralan gprgﬁgegn{bm‘@@é{ esfmdarieg iane or more preferred embodiments

suitable for real-time implementation, which is particularly advantageous.

One or more preferred embodiments may be used in an UWB positioning
system for amplitude based DOA estimation and ranging correction by
suppressing multipath interference by extracting the first arrival pulse signal
from a multipath mixed signal and estimating its amplitude and arrival time,
and is particularly advantageous for both delay and amplitude estimation in
pulse based UWB systems.

Brief description of the drawings

The present invention will now be described by way of example and with

reference to the following drawings in which:

Figure 1 (a) is a graph showing the variation in signal amplitude with time of a

received UWB pulse signal in a free space condition;

Figure 1 (b) is a graph showing the variation in signal amplitude with time of a
received UWB pulse signal in a multipath system and shows the direct pulse

signal and a reflection pulse signat;



pulse based UWB systems. Brief description of the drawings The present
invention will now be described by way of example and with reference to
the following drawings in which: Figure 1 (a) is a graph showing the
variation in signal amplitude with time of a received UWB pulse signal in a
free space condition; Figure 1 (b) is a graph showing the variation in

signal amplitude with time of a receivegyUWB pulse signal in a multipath
system and shows the direct pulse signal and a reflection pulse signal; 10
Figure 1 (c) is a graph showing the sum of the direct path and reflection
pulse signals of Figure 1 (b); Figure 2 is a graph showing the summed
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signal template for the same pulse; Figure 3 (a) is a waveform of a
HBBRISPEigidarenbiihg the direct signal and reflected signals in the time
domain and a sampling system; Figure 3 (b) is a waveform of a received
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Figure 4 is a flow chart of the process according to a preferred embodiment.

Detailed description of preferred embodiments

In a pulse based UWB system, a received UWB signal may be analyzed for
both delay and amplitude estimation to assist in the determination of the
distance and direction of the transmitter from the receiver. Figure 1 (a) shows
a waveform of a received UWRB signal in a system operating in a free space
environment, that is an environment where there are no muttipath signals due
to reflections. Figure 1 (b) shows a waveform of a received UWB signal in a
free space environment together with a signal coming via a reflection path.
Figure 1 (c) shows a waveform of the signal which would be received which
comprises the sum of the two signals shown in Figure 1 (b). It will be seen
from a comparison of Figures 1 (a) and 1 (c) that the summed received signal
reaches its peak value later than the free space signal. Moreover, the peak
value is not the same for the two conditions. As a result, it will be seen that
multipath reflections will affect the timing and amplitude estimations of the

received signals.

Figure 2 shows the waveform of a received signal 2 together with a template 4

corresponding to the free space signal. It will be seen that, initially, the two



free space environment together with a signal coming via a reflection path.
Figure 1 (c) shows a waveform of the signal which would be received
which comprises the sum of the two signals shown in Figure 1 (b). It will
be seen from a comparison of Figures 1 (a) and 1 (c) that the summed
received signal reaches its peak value later than the free space signal.
Moreover, the peak value is not the sgme for the two conditions. As a
result, it will be seen that multipath reflections will affect the timing and
amplitude estimations of the received signals. Figure 2 shows the
waveform of a received signal 2 together with a template 4 corresponding
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use in the present invention. The waveform shows a sequence of received
of the direct path may be obtained from the mixed waveform as the multipath

effect is suppressed.

A method according to a preferred embodiment of the invention is a multi-
signal fitting approach. Figure 3 (@) shows a waveform 6 and fitting circuit for
use in the present invention. The waveform shows a sequence of received
pulses together with the timings related to the sampling and the waveform,
namely, the pulse duration, Tp, the period between samples Ts, and the time

between the start of one pulse and the start of the next pulse Tc.

The sampling circuit is the processing system for exiracting the direct pulse
from the received signal in the time domain. Each sample obtained from the
waveform is digitized in an A/D converter 8. The digital output from the A/D
converter 8 is passed to the input of a processing stage 10 where it is
processed to produce a single pulse signal vector S. The single pulse signal
vector S is then processed in a further processing stage 11 {o remove
elements from the signal which relate to the multipath signals, to obtain the

direct signal.

The first signal element (first path) will be based on the initial part of the

received signal, however, as seen from Figure 2, in this part of the signal



pulses together with the timings related to the sampling and the waveform,
namely, the pulse duration, Tp, the period between samples Ts, and the
time between the start of one pulse and the start of the next pulse Tc.
The sampling circuit is the processing system for extracting the direct
pulse from the received signal in the time domain. Each sample obtained
from the waveform is digitized in an A{Q converter 8. The digital output
from the A/D converter 8 is passed to the input of a processing stage 10
where it is processed to produce a single pulse signal vector S. The
single pulse signal vector S is then processed in a further processing

sheoe 1d to removenslerapieiiamdhe signakyhich rslate itmtermiiRathyatio
signals, to obtain the direct signal. The first signal element (first path) will

bERWEYES APERE MGl p AT theMUCREI e hAeBENS ddhtrdrpsent
rigereidn inHbisaaraidhe sighahl 3Idhesatis @ v sl aakiadamijuderatdirectly

therefore a low signal to noise ratio However, according to one or more )
SRR LR RS 52 SG BRI, HROLBHRREBr POt ERymanal is
elemenriratphitidehanstiagiajgisanclisinestly reailated MhithedpvoadiRhe SNR
are(g Péut i?ste the whole Ienqgmﬁ?f the signal is considered, with the

&th |t TonalEl eefﬁg V&R ﬂﬁf)lt’ s the SNR and therefore the
estimation is more accurate. The sampled received signal may be
Topresomiat aeSivedriignal Niay wikeiepreisahied thssampled value of the
signal in the observation window, and one observation window includes

M samples. Wh§'e:tl;erp_u[§e guence is periodic, the signahin the
observation window rhay bé‘time averaged over several petidds. This

averaging process may increase the signal to noise ratio
where , is the ;th sampled value of the signal in the observation window, and

one observation window includes M samples. Where the pulse sequence is
periodic, the signal in the observation window may be time averaged over
several periods. This averaging process may increase the signal to noise ratio
(SNR). |

As the received signal is discretely sampled along the time axis, as shown in
Figure 3 (a), the estimation in the time domain of the delay (which is the time
from the start of sampiing of the signal fo the time at which the peak value of
the signal occurs) is time discrete except that some interpolations may be

applied. The advantage of the time domain approach is its low complexity.

However, the method embodying the present invention may be carried out in
either the time or the frequency domain. Figure 3 (b) shows a waveform 12
and fitting circuit for use in the present invention in which the received
sampled signal is transformed to the frequency domain. In this embodiment,
each sample obtained from the waveform is digitized in an A/D converter 14.
The digital output from the A/D converter 14 is applied to the input of a
processing stage 16 where it is processed to produce a single pulse signal
vector S. The single pulse signal vector S is then passed to a Fourier

transform stage 18 where the signal is transformed to the frequency domain.



(SNR). As the received signal is discretely sampled along the time axis, as
shown in Figure 3 (a), the estimation in the time domain of the delay

(which is the time from the start of sampling of the signal to the time at

which the peak value of the signal occurs) is time discrete except that

some interpolations may be applied. The advantage of the time domain
approach is its low complexity. Howevgy, the method embodying the

present invention may be carried out in either the time or the frequency
domain. Figure 3 (b) shows a waveform 12 and fitting circuit for use in the
present invention in which the received sampled signal is transformed to

e remeomislonigial 1P Higembedinsiid aRelreamne eRiadaed feme 19 to
the waveform is digitized in an A/D converter 14. The digital output from
HENP SRR 101 dppiisieRAh Hplt BHaleiocéasing Wingdh signals, to
sharne ihisqireeesigio produce a single pulse signal vector S. The

single pulse signal vector S is then passed to a Fourier transform stage

18 where the signal.is transformed to the frequency domain. 13 The -
B e S BB SotEe sigting.

Farsey eooléneepis: o mstire sigms, whick ostatedoshiehayitipsh Sigrdigited. In
tal irect si IS i t e arrespond to

e e e SR B SRR T

continuous delays may be obtained. In the frequency domain the

received signal m&y=ble'denote, by F=[fof ...fna]T (2) where F is tRe

discrete Fourier transform of the time domain signal S. Both the time and

RV SRR BIOCREIRR ARARRSHR S BRI A SRETIMS eumain.
Both the time and frequency domain procedures are described below.

in the time domain,
A=la a,a,l (3}

where A is the time domain template of the non-distorted pulse signal, and [

denotes the transpose of a matrix or vector. The delay version of A may be

denoted by:
A(r)m A(n]’s):[o.._oa} az"'aM_n]T e pMA (4)

where 5T is the discrete approximate of delay ¢, T, is the sampling duration,

and p is the integer closest to ¢ /7.

To obtain a signal from which it is possible to estimate accurate values for the
delay and amplitude of the direct signal, firstly it is necessary to calculate
approximately the delays and amplitudes for signal elements 1 to N, where N
is the number of signal elements. This may be achieved using conventional
methods, such as that explained in the publication by Jian Li, and Renbiao

Wu, entitled “An efficient algorithm for time delay estimation” published in



A=[a a2...ana]T (3) where A is the time domain template of the
non-distorted pulse signal, and [J]T denotes the transpose of a matrix or
vector. The delay version of A may be denoted by: A(z)~A(nT,)=[0-Oa, a2
a,y_"|IT eR™" (4) where nT, is the discrete approximate of delay v, T, is
the sampling duration, and n is the integer closest to a /Ts . To obtain a
signal from which it is possible to estimgfe accurate values for the delay
and amplitude of the direct signal, firstly It is necessary to calculate
approximately the delays and amplitudes for signal elements 1 to N,
where N is the number of signal elements. This may be achieved using

teryentianshmsiNefs. SRR 2P ERRESXRIRINGR iR seNyiBlicatigv By diafnich is

Li, and Renbiao Wu, entitled "An efficient algorithm for time delay
GRS HOshseBYRefar$REE Transaction on Signal Processing.
Vol.46. No.8, Aug.1998, which is incorporated herein by reference. A

Slgrsdd tesintatep lataichvwd iz puise wayefisen okiadfechin alktagveal in a known

environmen e;ore% e parameter estimation, is known or may he \
i [Legbtained by

88%’&5888“%9% AR TR RSt itHHE AHE At QYA R

earning
iefoTTivedi droungti en traitrsmnitt cth e reeneana gyafame teay bErsentftartegion on the

cej hrough data communications for the receiyer. In this way, the
e RN Ry e i ARt Yyien et
pravtivatiapiiioatimsthatheceheat. edtinlbisngthe pfazaraeteroit may perameter

' arge. h numhbers. Figure 4 sha flow diagram
PTHAIRCI ARGt oS, B AT MR R S OUARY than
retttaling dlearadireetsignilmeynbshicksiblecttinridohlafghe detghmanmdbers.

amplitude a of the received signal may be
Figure 4 shows a flow diagram for the process of removing the multipath

signals from a received signal to obtain a clean direct signal from which an
estimation of the delay ¢ and amplitude ¢ of the received signal may be

obtained. The processing stages 10 and 16 of Figures 3(a) and 3 (b)
respectively may operate in accordance with the process illustrated in Figure
4.

In a first stage 20, the delay 7 and amplitude o of a first signal element S

(hereinafter referred to as signal element 1) is estimated as follows:
For signal element 1:

7, =argmax A(r)" 8
A(Tl )H S ©)

whiere [|” denotes the Hermitian transpose of a matrix or vector.

In a second stage 22, the signal element 1 is removed from the received
signal. The received signal minus signal element 1 may be represented by
S_, as follows:



obtained. The processing stages 10 and 16 of Figures 3(a) and 3 (b)
respectively may operate in accordance with the process illustrated in
Figure 4. In a first stage 20, the delay z and amplitude a of a first signal
element Si (hereinafter referred to as signal element 1) is estimated as
follows: For signal element 1: T-1 =arg max A(nN)"S TA(z)HS (5) ai=
A"A where []" denotes the Hermitian tra)!r%spose of a matrix or vector. In a
second stage 22, the signal element 1 is removed from the received
signal. The received signal minus signal element 1 may be represented by
S , as follows: 15 S-, =S-a,A(a,) (6) In a third stage 24, the delay and
amplitude of a second signal glem iéhfgeiﬂafter referred to as signal
element 2) may be calculated as follows: 9 —argmaxA(a)HS_TA(a2~
S 7 (7) a2 =~A In a fourth stage 26, the delay and amplitude of the

remaiininng! sigagéedndhes detlegr diam agnﬂte@neﬁm baooh? nsr'@nlaé element
RTS8 ) SO o
7, = argmax A7) S

Alz,)'S, (/)

In a fourth stage 26, the delay and amplitude of the remaining signal elements
other than signal elements 1 and 2 may be calculated by:

S, =5, “azA(Tz) (8)

The third signal element’s paraméters may be calculated as follows:

T, = argmax A(z')H S
T ‘ 9
A(Ta )H S 1 ©

ST AT A)

The above process is repeated to obtain all of the initial delay and amplitude

estimates for the signal elements 1 to y-1.

In a fifth stage 28, the initial delay and amplitude estimates for the signal
eiement N are then calculated.

The amplitude of the signal element (hereinafter referred to as signal element

MAIN) that has the maximum amplitude among signal elements 2 to », may

be denoted by o, and the corresponding delay may be denoted by ¢

main



fA(r3)HS-12 (9) a3 AHA The above process is repeated to obtain all of
the initial delay and amplitude estimates for the signal elements 1 to N-1.
In a fifth stage 28, the initial delay and amplitude estimates for the signal
element N are then calculated. The amplitude of the signal element
(hereinafter referred to as signal element MAIN) that has the maximum
amplitude among signal elements 2 to )\, may be denoted by a 0., , and
the corresponding delay may be denoted by z 16 The signal element 1
and signal element MAIN are deemed to be the useful parts of the signal
and the other signal elements are deemed to be the interference. The

GigarsRianRlRADRE dRTUNGML NRethERSIAANCABYddbm e adétht useful

(10) i=2,ismain The next step in the process is to correct iteratively the

BRyial efefientiiid e dpaPhiemseiNahIRsRcEE oArs cigerareWe (25 the
PheRIhESNTHS RE A ZEm ML) d Retarsaiedated detpysarsk 30 by:

amplitude for signal element 1 may be determined in seventh and eighth
stages 32, 34 from: r1 = arg max A(NN S T A(-c, HS (12)

S, =58- Za,.A(rf) (10)
i=2 f=main
The next step in the process is to correct iteratively the signal element 1 and

the signal element MAIN based on §_ as follows:
(1 ) Sc,wnafn = Sc - arnaan(Tmam ) (1 1 )

The re-calculated delay and amplitude for signal element 1 may be
determined in seventh and sighth stages 32, 34 from:

7, = arg max A(’:)H S,:2

_ A(TI )HSC (12)

(2) In a ninth stage 36, the signal element 1 is removed from the clean
signal;

S, =8, a,Alr,) (13)

The re-calculated delay and amplitude from signal element MAIN are

determined in a tenth stage 38 from:

r, . =argmax A(r)" S

T

wmain

A‘(Tnzain )H Sc,-—l (1 4)

B = (a7 A)




a' A"A (2) In a ninth stage 36, the signal element 1 is removed from the
clean signal: Sc_,=Sc-alA(z,) (13) The re-calculated delay and amplitude
from signal element MAIN are determined in a tenth stage 38 from: 1-Mai,
=argmaxA(z)H S T A\rmain /H Sc,-, (14) amain - AF'A 17 In an eleventh
stage 40, the signal element Main is removed from the clean signal. (3) In
a twelfth stage 42, a check is made to determine if the process has
reached the maximum number of iterations N. If the maximum number of
iterations has not been reached, the process is repeated from the eighth
stage 34 until the maximum number of iterations has been reached. Once

Uhe RPEUIMA LR 26 HHBtlaBR s OB saaherl 10020 IR Liean
results for signal elément 1 are 1, ai . In frequency domain, the process is
wé@raimilar to that described above in respect of the time domain, the

same basic stages 20 to 44 as those set out in Figure 4 being applicable.

TBe frefiuangyetiomaigteaese HateR Rf hedemp@deaMmaht® the process has
non- is&or?‘ad pulse signal is given b¥: X=[x x2...x,M1J7 (15) and

reached the maximum number of fterations N. If the maximum number of
iteraticns has not been reached, the process is repeated from the eighth

stage 34 until the maximum number of iterations has been reached.

Once the maximum number of iterations has been reached, the final

estimation results for signal element 1 are 7, 4,.

In frequency domain, the process is very similar to that described above in

respect of the time domain, the same basic stages 20 to 44 as those set out in
Figure 4 being applicable.

The frequency domain representation of the template A of the non-distorted
pulse signal is given by:

Xz[xlxz---xM}T (15)
and

X(T) - diag(e—r-o-bn‘(}\a‘-]) TN e (M) 2 1) )X - P(T)X e M
(16)

is the delay version of X . The delay representation in frequency domain is the
phase shifting, and it is continuous.

In the first stage 20, the delay and amplitude for the signal element 1 are
approximately calculated as follows:



X(0 =diag(e-'02t'02/ e-1) ... (m-i)zni~ )X=P(Z)XECAM (16) J~ is the delay
version of X. The delay representation in frequency domain is the phase
shifting, and it is continuous. In the first stage 20, the delay and amplitude
for the signal element 1 are approximately calculated as follows: 18 ri
=argmaxIF"P(r)XI _ F"P(r)X (17) a' XHX In the second stage 22, the
signal element 1 is then removed from @e received signal, the signal
minus signal element 1 being denoted1by F-t where F_, =F-al1P(r1)X (18)
In the third stage 24, the delay and amplitude of signal element 2 are
estimated as follows: r2 = arg maxIF_, HP(NX~ F_1 "P(r2 )X (19) a2 =
X"X In the fourth stage 26, the dela f litude of the remaining signal
elements other than sign&i a%%gﬁﬁﬁm r@ ay be calculated by: F-12

=F-1 -a2P(r2)X (20) The third,signal.element's parametersthay be

calculated as follows: r3sa¥ —12"P(NXI F-121'P(r3 )X (21) a3 =

X"X X

in the second stage 22, the signal element 1 is then removed from the
received signal, the signal minus signal element 1 being denoted by F, ,

wheare
F,=F- alP(rl )X (18)

In the third stage 24, the delay and ampiitude of signal element 2 are

estimated as follows:

T, = arg @ax[FﬁiHP(z’)X}

_EP(r )X (19)

X7X

2

In the fourth stage 26, the delay and amplitude of the remaining signal

elements other than signal elements 1 and 2 may be calculated by:
F-llz =F, -a,P(z,)X (20)
The third sighal element’s parameters may be calculated as follows:

Ty = arg max'F_lZH P(’r)X!

- szzH?(Ts )X @D

BETTxEY

The above process is‘repeated {o obtain all of the initial delay and amplitude

estimates for the signal elements 110 § -1.



The above process is repeated to obtain all of the initial delay and
amplitude estimates for the signal elements 1 to N -1. 19 In the fifth
stage 28, the initial delay and amplitude estimates for the signal element
N are then calculated. As in the case of the time domain process, amain is
used to denote the amplitude of the signal element that has the maximum
amplitude among signal elements 2 to,N, and denotes the corresponding
delay. Signal JIIPIA element 1 and signal element MAIN are considered
to be the useful parts of the signal, the other signal elements being
considered to constitute the interference. The clean signal may be

terminad i ixt . ' N Ec =F- Ya:P (5. 2) =2 imain.. .
D L B R

[SiRee B2 e walauiedain = FP - amatnP(rmafn * (23) Then, in the

seventh and eighth stages, the delay and amplitude for signal element 1

e ip-cpisuatasl. of, thargimex Hohn P bddEdain )X (@4Lgad ¥ (Hekbte the

the ninth stage 36, the signal element 1 is removed'ffom the clean signal:
B it (X &&)al element that has the maximum amplitude among

signal elements 2 to n, and ;  denotes the corresponding delay. Signal

element 1 and signal element MAIN are considered to be the useful parts of
the signal, the other signal elements being considered to constitute the

interference. The clean signal may be determined in the sixth stage 30 by:

Fo=F- 3 aP()X (22)

=2 immain

The signal element 1 and signal element MAIN are iteratively calculated
based on F_, as follows:

=K, —-a

C,~main fod mein P (Z‘ )X (23)

main

Then, in the seventh and eighth stages, the delay and amplitude for signal
element 1 are re-calculated.

T, = arg max}FcH P(T)Xl

F " P(Tmain )X (24)
O] = e

XX

(1) In the ninth stage 36, the signal element 1 is removed from the clean
signal:

F,, =F.-aP(,)X (25)

The delay and amplitude for signal element MAIN are then re-calculated in the
tenth stage 38 as follows:



The delay and amplitude for signal element MAIN are then re-calculated in
the tenth stage 38 as follows: 20 z>mm =argmax[Fx P(z)X Fx p(C.Jx (26)
amain = XHX (2) A check is then performed in the eleventh stage 40 to
determine if the maximum number of iterations has been reached. If it is
determined that the predetermined maximum number of iterations has not
been reached, the process of the eighth to eleventh stages is repeated
until the maximum number of iterationéthas been reached. The final
estimation results for signal element 1 arer, , a, . In summary, one or .
more preferred embodiments of the present invention improve the
stability and accuracy of DOA estimation in a UWB positioning system.
The positioning accuracy | zl;merelfyglmq@r@céd?fﬂ%gt low complexity of the
methods embodying the invention n]jéke it suitable for thexggal-time
implementation. Various odificgti@nspt%rthggmbodiments of the present
invention described abov CfﬁﬁyToe magiexFor example, other components
and method steps can be added or substituted for those above. Thus,

ough the invention has been described above using partjcular . .
T oo SR A A R B0 LG SIS I SR A b g i the
claixisy@s willrbberl edriter thieskilted readerrewithedt Hepartaetdranmttbthat the
Spcr%pd%t%frmﬁé%venqgg%mr? Snltslﬁ?begrl cg%lat@rsations has not been reached, the
process of the eighth to eleventh stages is repeated until the maximum

number of iterations has been reached.

The final estimation results for signal element 1 are ¢,, 4.
In summary, one or more preferred embodiments of the present invention
improve the stability and accuracy of DOA estimation in a UWB positioning
system. The positioning accuracy is thereby improved. The low complexity of
the methods embodying the invention make it suitable for the realtime

implementation.

Various modifications to the embodiments of the present invention described
above may be made. For example, other components and method steps can
be added or substituted for those above. Thus, although the invention has
been described above using particular embodiments, mény variations are
possible within the scope of the claims, as will be clear to the skilled reader,

without departing from the scope of the invention.



1. A method for estimating one or more parameters of a signal in an ultra
wide band system comprising the steps of: (a) digitizing a received signal
to form a digitized signal; (b) estimating one or more parameters for a first
signal element in the digitized received signal to define the first signal
element; (c) removing the defined first signal element from the digitized MCSLLP
received signal to obtain a modified sigpal; (d) estimating the one or more
parameters for a further signal elemento define the further signal
element; (e) removing the defined further signal element from the modified
signal; (f) repeating the steps (d) and (e) for a predetermined number of
9aphglements; (g) obtaining a refined signal comprising the digitized
received signal minus the defined further signal elements with the
e{ception of the signal element having the greatest amplitude of all of the

predetefiTHEa HURbESHMAIIHALEEAEMS thp AEAERAREHAG Tl By an ultra

mwade paramgisks-iatdhefishgignalelgent to re-define the first signal
element based on the refined signal minus the signal element having the

atest.amplitude of all of.the prede rmine%.n mber of signal elements;
3?’ e-es@iﬁ@%wgi’ﬁéggr%bgg rﬁgrﬁagg?éf%{er?e?s (%'H{ %GZS' rf}lsllélement having
the greatest amplitude of all of the predetermined number of signal

[mengsiesingpone @ rédgsineatsiRia &snsefitHasiagahelgraamsin the
iRpisiderbased uide refineteignal irinuging adefingd first signal

element;

(c) removing the defined first signal element from the digitized received

signal to obtain a modified signal;

(d) estimating the one or more parameters for a further signal element to
define the further signal element;

(&) removing the defined further signal element from the modified signal;

(f) repeating the steps (d) and (e) for a predetermined number of signal

elements;

(9) obtaining a refined signal comprising the digitized received signal
minus the defined further signal elements with the exception of the signal
element having the greatest amplitude of all of the predetermined number of

signal elements;

(h) re-estimating the one or more parameters for the first signal element to
re-define the first signal element based on the refined signal minus the signal
element having the greatest amplitude of all of the predetermined number of

signal elements;

() re-estimating the one or more parameters for the signal element having

the greatest amplitude of all of the predetermined number of signal elements



0) re-estimating the first signal element using the refined signal minus the
re-defined signal element having the greatest amplitude; (k) repeating the
steps (h) to 0) for a predetermined number of times to generate a refined
estimate of the one or more parameters for the first signal element. 2. A
method according to claim 1, wherein the steps of estimating the one or
more parameters for a signal elemenf,comprises estimating the amplitude
of the signal element, and/or the delay, wherein delay comprises the time
from initiation of a sampling process to the time of occurrence of the
maximum amplitude of the signal element. 3. A method according to

tiRimdhinehgieinitimsiersuet pesiprg eddnpretiteadampinude ARk the

according to claim 1, wherein the steps are performed in a frequency
rejiwedRioRl mitHe dekRAEIRE Rl g Fis A urier transform

process to the received signal after digitizing the signal and prior to
(jperformiagtistepis §iho kgt Sighahethotbatemidinghe widimed sigmeremitine the

S f.estimating the r more parameters far g signal element
reé%?feﬁ?)nrlgsdeSééﬁl%a%%ﬁ%@ﬁ%p%&%e&? %?Zegi?gﬁa *’éle”rﬁ%m; the method

further comprising determining the direction of arrival of the received
(Kignatenreatinadhn Stsrteh) the Ghiena RidslereunastisiHg bes of tirprs to
géifesdtanal-aninnastpiaaedinidixed IRamSEical rARlIonsRIP tHefirst si%nal

method further comprising comparing the signal amplitude of the receive
elggI®tas determined at step (k) for a first antenna with the signal

amplitude of the received signal as determined at step (k) for the second

2anterhandtlE@1 bBcording to claim 1, wherein the steps of estimating the one
or more parameters for a signal element, comprises estimating the amplitude
of the signal element, and/or the delay, wherein delay comprises the time
from initiation of a sampling process to the time of occurrence of the maximum
amplitude of the signal element.

3. A method according to claim 1, wherein the steps are performed in a
time domain.
4, A method according to claim 1, wherein the steps are performed in a

frequency domain, the method further comprising applying a Fourier transform
process to the received signal after digitizing the signal and prior to
performing steps (b) to (k).

5. A method according to claim 1, wherein the steps of estimating the one
or more parameters for a signal element comprise estimating the amplitude of
the signal element; the method further comprising determining the direction of
arrival of the received signal at an antenna system, the antenna system
comprising two or more directional antennae placed in a fixed geometrical
relationship, the method further comprising comparing the signal amplitude of
the received signal as determined at step (k) for a first antenna with the signal

amplitude of the received signal as determined at step (k) for the second
antenna.

MCSLLP



23 6. A method according to claim 1, wherein the steps of estimating the

one or more parameters for a signal element comprise estimating the

delay for the first signal element of the received signal, that is the time

from initiation of a sampling process to the time of occurrence of the MCSLLPp
maximum amplitude of the first signal element, the method further

comprising determining a distance befyyeen a transmitter arranged to

transmit the signal received at a receiver to form the received signal on

which steps (a) to (k) are performed, by estimating the time of arrival of

the received signal using the delay as estimated in step (k). 7. A

BaNSCEVRIAARPUEKSH A RANERIFCH, RERINSThanddpO I UNRS G the one
for monitoring one or more parameters of an antenna associated with the
RRAPRREBRIBYeIREater 2 predRt iampRICO PN PRoMAENthiBaMelay for the

RrEhelgmaniRIReN B2 R% QL RANIQTHIGHRINEIRRMO T PARBSIBFR HifBtion of a
antenna associated with the receiver to generate a predicted transfer

RABRYAYTBrARESHIRThE Haw QhreriitrIRe RIdEednanB WanhaMRlude of the
RednG Ryan GgehiR Hansr itHaeneie digiard H anstairifins g doriRgante tfidance

associated with the transmitter through a data communication system to

FRVESINRITIRSULEN R BRART dRAFTEIND P Rign3hErfitesBgecRiver to
alaimthehasetion dhenmasivietisigealnthysngk)inibe stepabastpatifienating

e one or, more parameters for g signal element, the predicted transfer.
R e P AL e Sl R S i Ak i BB i step
fREeiver.

7. A transceiver comprising:
a transmitter;
a receiver; and

monitoring means for monitoring one or more parameters of an
antenna associated with the transmitter to generate a predicted tfransfer

function for the antenna;

further monitoring means for monitoring one or more parameters of an
antenna associated with the receiver to generate a predicted transfer function

for the antenna associated with the receiver;

the transmitter being arranged to transmit the predicted transfer
function for the antenna associated with the transmitter through a data

communication system to the receiver;

the receiver being arranged to perform the method steps of claim 1
based on the received signal and using, in the step of estimating the one or
more parameters for a signal element, the predicted transfer functions for the

antennae associated with the fransmitter and the receiver.



MCSLLP 24 8. A receiver arranged to estimate one or more parameters

of a signal in an ultra wide band system, the receiver comprising: (a) a
digitizer for digitizing a received signal to form a digitized signal; (b) a fisESLLP
estimation stage arranged to estimate one or more parameters for a first
signal element in the digitized received signal to define the first signal
element; (c) a first subtraction stage argzanged to remove the defined first
signal element from the digitized received signal to obtain a modified

signal; (d) a second estimation stage arranged to estimate the one or

more parameters for a further signal element to define the further signal

glemeng; re)asecond shiracionsiage,ALangsdie edhe denethnal in

further signal element from the modified signal; (f) the second estimatio
SR YER MR Baing BYrifged® ERIVEEAPIBIEING! more parameters for
a predetermined number of further signal elements to define the further

signal elefigitider fovddiggtiseepadescdivastingraipgerbeing diyiherpeigRaed

to remove the defined further signal elements from the modified signal;

a refiny 0 In.a,refined. signal comprising the
g%itize_ ?@e%%@i%%@%%&s ﬂ% ﬁ?e%gf%ﬁ?@rgs%g Ral eléments With the ters
&xcepfios sfgnakigeaneidnierthadiodited gresrosichmightaideotiafirat the first
Q[&%tg{gmq.number of signal elements; (h) a first re-estimation stage

arranged to re-estimate the one or more parameters for the first signal
lement tg re-define the first signal element based on the refined si?_nal
l

ihus the S IR $196f) Hegeetele remove the defined first signal

element from the digitized received signal to obtain a modified signal;

(d) a second estimation stage arranged to estimate the one or more

parameters for a further signal element to define the further signal element;

(e) a second subtraction stage arranged to remove the defined further

signal element from the modified signal;

() the second estimation stage further being arranged to estimate the one
or more parameters for a predetermined number of further signal elements to
define the further signal elements, and the second subtraction stage being
further arranged to remove the defined further signal elements from the

modified signal;

(g)  a refining stage arranged to obtain a refined signal comprising the
digitized received signal minus the defined further signal elements with the
exception of the signal element having the greatest amplitude of all of the

predetermined number of signal elements;

(h) a first re-estimation stage arranged to re-estimate the one or more
parameters for the first signal element to re-define the first signal element
based on the refined signal minus the signal element having the greatest

amplitude of all of the predetermined number of signal elements;



amplitude of all of the predetermined number of signal elements; MCSLLP

25 (i) a second re-estimation stage arranged to re-estimate the one or i\ﬂCSLLP
more parameters for the signal element having the greatest amplitude o

all of the predetermined number of signal elements to re-define the signal
element having the greatest amplitude based on the refined signal minus

the re- defined first signal element; (j) %hird re-estimation stage arranged

to re-estimate the first signal element using the refined signal minus the
re-defined signal element having the greatest amplitude; (k) the first,

second and third re-estimation stages being arranged to repeat

r(‘?)‘eSti’Eaéié’&ﬁ@ﬁ’é—@tﬁ‘rﬁrﬁﬁ?@%@%%% gc?rtgrrg':%%fﬁrﬁage;ﬁ% & or more

refined estimate of the one or morée parameters for the element,

YaereeENEacterdvil @ aleme)ieien the isaint syveritdstietalbaf the
prassamirEanasdie ceinals eanplityde of theysignal glemea) clement

and/or the delay, wherein delay comprises the time from initiation”of a

Savipendhpreceaters maiiadst dasrfbsur Bieheshinsdrianamplinise bre re-

Werisianairelsmente Einérieceiver according to claim 8, wherein one or
more of the stages are arranged to operate in a time domain. 11. A

receiver according tg.claim 8, wherein one or more of the stages are, .

g?rang@dﬁ%‘%%éﬁd?eﬁwﬂ%ﬂu%%&?dgm%ﬂﬂ?dgt%c@ﬁtmﬁ%rthe first signal

etenpeisingsmgptbeassingdisigaaranged tocapplyfiraiistyitansgtarsnt having
rocess o the received signal after digitizing the signal. 12. A receiver

Eab:c&'r(%ﬁée??% a@nﬁgc,y%herein the estimation stages are

(k)  the first, second and third re-estimation stages being arranged to

repeat re-estimation steps for a predetermined number of times to generate a

refined estimate of the one or more parameters for the first signal element.

8. A receiver according to claim 8, wherein the first and second estimation
stages are arranged to estimate the amplitude of the signal element, and/or
the delay, wherein delay comprises the time from initiation of a sampling
process to the time of occurrence of the maximum amplitude of the signal
element. '

10. A receiver according to claim 8, wherein one or more of the stages are

arranged to operate in a time domain.

11 A receiver according to claim 8, wherein one or more of the stages are
arranged to operate in a frequency demain, the receiver further comprising a
processing stage arranged to apply a Fourier transform process to the

received signal after digitizing the signal.

12. A receiver according to claim 8, wherein the estimation stages are
arranged to estimate the amplitude of the signal element(s), the receiver
further comprising means for determining the direction of arrival "of the
received signal at an antenna system associated with the receiver, the

antenna system comprising two or more directional antennae placed in a fixed



arranged to estimate the amplitude of the signal element(s), the receiver
further comprising means for determining the direction of arrival of the
received signal at an antenna system associated with the receiver, theE\ACSLL%’@
antenna system comprising two or more directional antennae placed in a

fixed MCSLLP 26 geometrical relationship, the means for determining
comprising a comparison stage to co pare the refined estimate of the

signal amplitude of the received signal'as determined by the third
re-estimation stage for a first antenna in the antenna system with the

refined estimate of the signal amplitude of the received signal as
%%@%Wﬁgtq}éim%ﬂgmﬂ,efﬁét%' 3 ﬁ;?g%{gfn%rﬁ%%oggnﬁqgﬂgaa'%J)W?parison
antenna system. 13. A transceiver system comprising a receive
steerdingertlanm Be ueldiemh asdasimalithestiges! aaplitadgef the received
eRiimaniestheriander teiestnfignal lamanba e e esVed SO0 in the

is the time from initiation of a sampling process to the time of occurrence

Ghisemrasivatimamipliibe oredredrssdigribeimiéie, sgngsasnphtidrerof the
CORMMSINGiARRANE e HateiTURINgG, AN S RNIRRR R H ASHUR) 2 second

arranged to transmit the signal received at the receiver to form the
RIHENEE Bdhaaieaays e determining being arranged to estimate
the time of arrival of the received signal using the delay determined from

the refifedrestiveste ofte stelaydmypheityrdreestinatiercsiaiey to claim 8,
wherein the estimation stages are arranged to estimate the delay for the first
signal element of the received signal, that is the time from initiation of a
sampling process to the time of occurrence of the maximum amplitude of the
first signal element, the system further comprising means for determining a
distance between a transmitter arranged to transmit the signal received at the
receiver to form the received signal, the means for determining being
arranged to estimate the time of arrival of the received signal using the delay
determined from the refined estimate of the delay by the third re-estimation

stage.



