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-20M&07 -1- A METHOD AND SYSTEM FOR FREQUENCY OFFSET ESTIMATION  FIELD OF
THE INVENTION 5 The present invention relates to a method and system for
estimating the relative  frequency offset between a Base Station Transmitter
and Mobile Station Receiver for a  wireless communications system, and in
particular, for a Wideband Code Division  Multiple Access ("W-CDMA") radio
telecommunications system. 10 BACKGROUND OF THE INVENTION In a radio
communications system, signals are typically transmitted from the fixed
location of a Base Station ("BS") (such as a radio transmission tower) and
travel towards a  moveable Mobile Station Receiver ("MSR") (such as a mobile
phone) via many different 15 physical paths. The signal received by the MSR
will rarely be in exactly the same form as  the original transmitted signal,
due to influences from the physical environment during  propagation. Along
each propagation path, the signal may be subjected to interference  from
background noise, reflection off objects in the physical environment, signal
attenuation due to the distance of the path between the BS and the MSR, or
be subjected to 20 frequency variations due to the relative motion between
the MSR and the BS (i.e. resulting  from the Doppler Effect). By the time
the transmitted signal is received by the MSR, the  signals from each of the
different propagation paths may each be attributed with a different  phase
delay. 25 In order to improve the reception capability of the MSR, it is
desirable to receive  signals from different propagation paths and combine
them in a coherent manner. For  example, a transmitted signal which is
received by the MSR via two different propagation  paths should be combined
in phase to achieve the best reception results. If those two  signals were
received and combined by the MSR in anti-phase (or 180 in phase apart) then
30 those two signals will cancel each other out, which thus leads to loss of
information or  performance. Therefore, it is necessary to estimate the
phase of each received signal from C:'.K7NDOWS lempon . Ir . t Files
Co.ICMIEAYQ6AKLVZl1 2 2 15 2 711 pec, w3 dar2Unn1N71 each path and correct
any phase differences between those received signals before  



combining the individual paths. Some systems (such as 3GPP UTRA-FDD systems)
use a pilot channel, which is a  5 continuous modulation of a known bit
sequence in the transmitted signal. Using the pilot channel, it is possible
to estimate the phase of different signals received corresponding to
different propagation paths before combining them together. As a by-product
to measuring  the phase of pilot symbols received by a coherent MSR
receiver, it may also be possible to  estimate the relative frequency offset
that exists between the BS and MSR. 10 The clocks in the BS and MSR are not
synchronized, thus creating a frequency  offset between the generated
frequencies in the BS and MSR. It is desirable for the MSR  to estimate, and
compensate for, this frequency offset since without such correction,
degradation of the signal will result and thus affect the MSR's reception
performance. One 15 technique used to estimate the frequency offset involves
applying an inverse tangent  function on the demodulated pilot symbols and
its complex conjugate. This technique  requires division, which is complex
to implement. Also, the output of the inverse tangent  function can only be
calculated to approximation (by using Taylor series or lookup tables)  which
inevitably results in errors or imprecision. 20 It is desired to provide an
improved processing method and system for estimating  the frequency offset
between the BS and MSR, or to at least provide a useful alternative to  the
prior art. 25 SUMMARY OF THE INVENTION The present invention provides a
method for estimating a frequency offset between  a receiver and a
transmitter, the method including the steps of: (a) receiving a first signal
from said transmitter and demodulating said first 30 signal; (b) performing
a frequency shift on said first signal by a predetermined C:,WMDOWSVTempanuy
InI L flestCom=l1ESkYQ6AKLVZ;12215270 sped #3dx-2UMs+C3 -3 frequency factor
to generate a second signal; 



(c) filtering each of said first and second signals; (d) determining the
power of each of said filtered first and second signals; (e) determining an
upper corner frequency value of said first signal using the  5 determined
power of said filtered first and second signals; (f) determining a lower
corner frequency value of said first signal using the  determined power of
said filtered first and second signals; and (g) determining a frequency
offset based on said upper corner frequency value  and said lower corner
frequency value. 10 Preferably, step (e) includes: performing a comparison
of the power of said filtered  first signal with the power of said filtered
second signal, and if said comparison indicates  that a first predetermined
condition is not satisfied, performing a first adjustment of said  frequency
factor and repeating steps (b) to (d). Preferably, if said comparison
indicates that 15 the first predetermined condition is satisfied, the method
includes performing a second  adjustment of said frequency factor.
Preferably, the comparison includes determining  whether the power of said
filtered second signal is less than the power of said filtered first  signal
multiplied by a predetermined correction factor. Preferably, the first
adjustment of  said frequency factor comprises increasing said frequency
factor. Preferably, the second 20 adjustment includes subtracting a
predefined control factor, X, from said frequency factor.  Preferably, the
method further includes performing a comparison of the control factor, X,
with a predetermined accuracy level, wherein if the comparison indicates
that a second  predetermined condition is not satisfied, said first
adjustment is performed. Preferably, the  first adjustment includes
assigning a new value of X12 to said control value, and adding the  25 new
control factor to said frequency factor before repeating steps (b) to (d).
Preferably, the comparison of the control factor with the predetermined
accuracy  level is represented by X = 2"g, where a is a predetermined
integer greater than zero. 30 Preferably, step c) includes low pass
filtering each of said first and second signals.  Preferably, step f)
includes: performing a comparison of the power of said filtered
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first signal with the power of said filtered second signal, and if said
comparison indicates  that a first predetermined condition is not satisfied,
performing a first adjustment of said  frequency factor and repeating steps
(b) to (d). Preferably, if said comparison indicates that  the first
predetermined condition is satisfied, the method includes performing a
second 5 adjustment of said frequency factor. Preferably, the comparison
includes determining  whether the power of said filtered second signal is
less than the power of said filtered first  signal multiplied by a
predetermined correction factor. Preferably, the first adjustment of  said
frequency factor comprises decreasing said frequency factor. Preferably,
said second  adjustment includes adding a predefined control factor, X, to
said frequency factor. 10 Preferably, the method further includes performing
a comparison of the control factor, X,  with a predetermined accuracy level,
wherein if the comparison indicates that a second  predetermined condition
is not satisfied, said first adjustment is performed. Preferably, said
first adjustment includes assigning a new value of X12 to said control
value, and  subtracting the new control factor from said frequency factor
before repeating steps (b) to  15 (d). In another aspect, the invention
relates to a system for estimating a frequency offset  between a receiver
and a transmitter, the system having means to perform the method  described
above. 20 In another aspect, the present invention provides a system for
estimating a  frequency offset between a receiver and a transmitter,
including: a) means for receiving a first signal from said transmitter and
demodulating  said first signal; 25 b) means for performing a frequency
shift on said first signal by a  predetermined frequency factor to generate
a second signal; c) filter means for filtering each of said first and second
signals; d) means for determining the power of each of said filtered first
and second  signals; and 30 e) processor means for determining upper and
lower corner frequency values  of said first signal using the determined
power of said filtered first and second signals and 
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for determining a frequency offset based on said determined upper and lower
corner  frequency values. Preferably, the receiver is a rake receiver.
Preferably, the rake receiver is housed in  5 a mobile station. Preferably,
the transmitter is a base station transmitter. In another aspect, the
invention relates to a frequency offset estimation module of a  rake
receiver of a mobile station, comprising the system described above. 10 In
another aspect, the invention relates to a mobile station having a frequency
offset  estimation module comprising the system described above. Preferably,
the system of the  mobile station comprises means for performing the method
described above. BRIEF DESCRIPTION OF THE DRAWINGS 15 Preferred embodiments
of the present invention are hereinafter described, by way  of example only,
with reference to the accompanying drawings, wherein: Figure 1 is a block
diagram of the components of a Rake Receiver; Figure 2 is a block diagram of
the components of a Rake Finger of the Rake  20 Receiver shown in Figure 1;
Figure 3(a) is a graph of the power spectral density ("PSD") of demodulated
pilot  symbols in the absence of frequency offset; Figure 3(b) is a graph of
the power spectral density of demodulated pilot symbols  in the presence of
frequency offset; 25 Figure 4 is a block diagram of a Rake Finger including
a Frequency Offset  Estimation Block; Figure 5 is a graph illustrating a
shift in the power spectral density of the  demodulated pilot symbols due to
complex rotation; Figure 6(a) is a diagram comparatively illustrating the
power of filtered outputs,  30 with and without complex rotation;
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Figure 6(b) is a diagram comparatively illustrating the power of filtered
outputs  with and without complex rotation; Figure 7 is a process flow
diagram of a binary search to determine the upper corner  frequency value;
and 5 Figure 8 is a process flow diagram of a binary search to determine the
lower corner  frequency value. DETAILED DESCRIPTION OF THE PREFERRED
EMBODIMENTS 10 Code Division Multiple Access ("CDMA") systems are spread
spectrum systems  that employ radio channels with a much larger bandwidth
(for example, 1.5 MHz for IS-95  systems and 5.0 MHz for 3GPP UTRA-FDD
systems) than conventional Frequency  Modulated ("FM") systems, which
typically use around 25 kHz per channel. In CDMA  systems, a single radio
channel can simultaneously support multiple users, as opposed to  15 FM
systems, which can only support one user per radio channel. In order to
differentiate information intended for different recipients transmitted
over a shared radio channel in a CDMA system, each user is assigned a unique
pseudo  random code (or "PN Code"). For example, an information sequence
such as a stream of 20 bits to be transmitted to a particular user (such as,
an MSR having a particular PN Code  associated with the intended recipient)
typically involves multiplying each bit transmitted  on the shared channel
with the intended recipient's PN Code. The PN Code is a stream of  chips
where each bit of the information sequence belongs to SF chips of the PN
code. SF  is termed as the Spreading Factor. This technique is known as
modulation, and is one of 25 many ways of transmitting a signal intended for
one user over a shared channel. The  signal is received by all users of the
shared channel but can only be successfully decoded  by the MSR containing
the intended recipient's PN Code. Typically, for 3GPP UTRA- FDD systems, the
SF may range from 4 to 512 inclusive. If a CDMA system has a SF of  128,
that means a maximum of 128 users can share a single channel in that system.
30 C!. WMOWMemparxy Imemet F0es\ConuaGm5.YQ6AKLVZ.1221527o spai O3.Ao -2WOMi
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information sequences in the signal received that are intended for that
particular MSR from  other information sequences intended for other users on
the shared channel. Bits in the  original transmitted information sequence
are extracted from the signal by correlating the 5 PN Code with the signal
received by the MSR. This process of correlation is known as  demodulation
or de-scrambling. For CDMA systems to work properly, the following must
occur: the signals sent by  the BS and the signals received by the MSR must
be time-aligned; the auto-correlation 10 properties of the PN Codes are
preferably high; and the cross-correlation properties of the  PN Codes are
preferably near ideal (i.e. nearly zero). As such, CDMA systems (such as
IS-95 or 3GPP UTRA-FDD systems) may  employ a pilot signal to maintain the
integrity of the above conditions. The pilot signal is a 15 constant bit
sequence that is modulated using a predefined pseudo random code (or PN
Code) which is specific to that particular BS. Both the pilot signal bit
sequence and the PN  Code used for its modulation remain constant for a
particular BS_ The pilot signal is  modulated and transmitted by the BS as
part of the transmitted signal over the shared  channel. 20 Figure 1 is a
schematic illustration of a Rake Receiver 10 inside the MSR, which  has a
plurality of Rake Fingers 12, 13 and 14. These Rake Fingers are shown for
illustrative purposes but more may be employed. In practice, the MSR may
receive a  plurality of signals since the original transmitted signal from
the BS may travel to the MSR 25 via different physical routes, since the
signal may be reflected off many objects during  propagation. Hence, the
received input signal 11 (shown as "i/p") can be considered as the  sum of
many multipath signals. Each multipath signal is the sum of all signals that
have  the same time delay in travelling between the BS and MSR. Each
multipath is  characterised by this unique time delay. The received input
signal 11 is split 16 for 30 propagation along a plurality of processing
paths 1, 2 and 3 to carry the received input  signal 11 to each Rake Finger
12, 13 and 14 in the MSR. Each Rake Finger 12, 13 and 14 C:`WINDOWSSTCmponn
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is assigned to demodulate one multipath from the received input signal 11.
The output of  each Rake Finger 12, 13 and 14 is then respectively passed
along different processing  paths 4, 5 and 6, all of which are inputs to the
Combiner 15. The Combiner 15 then  combines (i.e. superimposes) the
demodulated outputs from each of the Rake Fingers 12, 5 13 and 14 and sends
the combined output signal 17 (shown as "o/p") to other parts of the  MSR
for further processing. Figure 2 schematically illustrates the components
inside a single Rake Finger 12 as  shown in Figure 1. The internal
components of the Rake Finger 12, shown in Figure 2, are 10 the same for all
Rake Fingers (e.g. 12, 13 and 14) in the Rake Receiver 10. The Rake  Finger
12 receives an input signal 1 I from a processing path 1. The received input
signal  11 consists of traffic signals (which are bits corresponding to data
symbols) and pilot  signals (which are bits corresponding to pilot symbols).
The Rake Finger 12 includes a  Pilot PN Code Generator 21, which generates
the predefined PN Code required for that 15 particular BS for demodulating
pilot symbols. The Traffic PN Code Generator 22  generates a particular
unique traffic PN Code for demodulating data bits intended for a  particular
user. The Rake Finger 12 also includes a Pilot Correlator 23 and a Traffic
Correlator 24, which respectively correlates the pilot and traffic PN Codes
generated by  the Pilot PN Code Generator 21 and Traffic PN Code Generator
22 respectively with the 20 received input signal 11. The Pilot Correlator
23 outputs demodulated pilot symbols 18 to  the Phase Correction Unit 25.
Similarly, the Traffic Correlator 24 outputs demodulated  traffic symbols to
the Phase Correction Unit 25. The number of inputs (or also known as
"chips") from the received input signal 11 that are used in order to
demodulate one output  bit corresponding to a data symbol 27 or a pilot
symbol 18 is known as the correlation 25 length. For 3GPP UTRA-FDD systems,
the Pilot Correlator 23 preferably uses a  correlation length of 256. The
Traffic Correlator 24 preferably uses a correlation length of  4, 8, 16, 32,
64, 128, 256 or 512. Due to the differing physical length of the propagation
path for each multipath, and  30 also the frequency offset due to the
Doppler effect, the traffic symbols undergo phase rotation (or phase delay)
by the time they reach the MSR. The phase of the signal received
C',!WINOOW51Tmpomy Inocmel FileslConlen[.IE51Y(iAKLVZl122152711 apeci 41 d
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-9 1 I is corrected by the Phase Correction Unit 25. The Phase Correction
Unit determines the  phase delay for the current portion of the received
input signal using demodulated pilot  symbols from the Pilot Correlator 23,
and accordingly corrects any phase delay in the  current portion of the
demodulated traffic symbols from the Traffic Correlator 24. 5 To achieve
optimal performance in a W-CDMA system, it is important that the  chip
period (Tc) for each chip in a pilot or traffic PN Code are maintained the
same  between the BS and MSR (i.e. they are kept time aligned). Failure to
do so results in  poorer accuracy for determining each of the chips
transmitted on the shared channel, since 10 the timing of each chip begins
to drift (or overlap) with adjacent chips in the received input  signal 11.
The Timing and Control Circuit 26 corrects the timing of code generators 21
22  and helps maintain the time alignment between the code generators 21 22
and the received  signal 11. Since the clocks in the BS and MSR are not
synchronised, a frequency offset  between the frequencies generated in BS
and MSR may arise. A frequency offset in the 15 BS and MSR also makes it
more difficult to accurately determine bits modulated with the  pilot or a
particular traffic PN Code, These factors degrade the overall performance of
the  MSR. It is therefore necessary to estimate the frequency offset in the
BS and MSR and  correct it. The estimation method herein described involves
using the demodulated pilot  symbols to estimate the frequency offset
between the BS and MSR. 20 An example of a frequency offset estimation
method is illustrated as follows.  Assume that the BS transmits signals with
a carrier frequency offc Hertz ("Hz"). Further  assume that the MSR receives
only one direct signal from the BS (i.e. there are no  reflected signals or
multipaths), and that the MSR is moving with a relative speed of v in 25
relation to the BS, and that B is the angle between the received signal and
the direction of  movement of the MSR. The received signal will have just
one frequency component,  which can be represented as fc +fd Hz. The shift
in frequency, fd, is known as the Doppler  Shift which is attributed to the
relative movement between the BS and MSR. The Doppler  Shift, fd, is given
by Equation I : 



30 fd=JD cosOEquation 1 C.)W1NDOWS\Tnp.,ra,v Incc tFd CoJ
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where v is the speed of the MSR, and c is the speed of light. The maximum
value of fd,  (denoted by fD) occurs when the angle 0 = 0, and is given by
Equation IA. 5 In practice, the signal received by the MSR comprises of many
reflections and can  be grouped into multiple multipaths. Each multipath is
composed of many signals. The  many signals that make up a multipath have
different angles of arrival (0) at the MSR.  Typically, 0 may vary between
180 to -180. As per Equation 1, the Power Spectral 10 Density ("PSD") of a
particular multipath of the received signal is therefore band-limited
between the two corner frequencies, fC + fD and fc - fD, representing the
two extremes of  the Doppler Shift effect on the carrier signal. This
phenomenon is called the Doppler  spread of the multipath. 15 Each Rake
Finger 12, 13 and 14 in the Rake Receiver 10 demodulates a particular
multipath signal (i.e. the few dominating resolvable multipath signals
received by the  MSR). Due to correlation performed by the Pilot Correlator
23 in Rake Finger 12 the  corner frequencies of the PSD of the demodulated
pilot symbols are given by Equations 1B  and 1C: 20 256.fD.Tc (where cosO =
0) Equation 1B  - 256.fD.Tc (where cost = 7r) Equation 1C where Tc is the
chip period and it is assumed that a correlation length of 256 is used in
the  25 Pilot Correlator 23. Equation lB represents the scenario where the
MSR is travelling away from the BS and also is achieving the maximum Doppler
Shift in the positive direction (fD)  Equation 1 C represents the opposite
scenario, where the MSR is travelling towards the BS  and is achieving the
maximum Doppler Shift in the negative direction (-fD) 30 The timing
difference between the BS and MSR clocks is measured in terms of  



differences in parts per million ("ppm"). This difference, leads to a
mismatch in the C:MNOOW51Temperary [=l FRas C-m1E31YQ6n%LVMI2215270 speci 43
dm-?0/0861] - Il  generated frequencies of the BS and the MSR, called as the
frequency offset (f,). The  frequency offset can be described as shown in
Equation 2: fo= fc. Ap Equation 2 5 where fc is the carrier frequency (in
Hertz) and Ap is the clock difference (in ppm) between the MSR and BS
clocks. Figure 3(a) is a graph showing the PSD 33 of the demodulated pilot
symbols  10 without any frequency offset between the BS and MSR. According
to Equations 1B and 1C, the PSD 33 is band-limited between two (an upper and
lower) corner frequencies,  being 256.fo.Tc (shown as item 31) and
-256.fD.Tc (shown as item 32) respectively. The  bandwidth 30 of the PSD 33
corresponds to the spread of the PSD 33 between the two  corner frequencies
31, 32. Figure 3(b) is a graph showing the PSD 35 of demodulated 15 pilot
symbols in the presence of a positive frequency offset between the BS and
MSR. The  frequency offset causes the original PSD 33 to shift in a linear
direction towards the right  hand side of the graph by a factor of S 34
(where S is proportional to the frequency offset  between the MSR and the
BS). As a result, the new linearly shifted position of PSD 33 is  shown by
PSD 35, and the upper 31 and lower 32 corner frequencies of the original PSD
20 33 are also right shifted by a factor of S to positions 36 and 37
respectively. The  bandwidth 38 of the shifted PSD 35 does not change (i.e.
the bandwidth 38 of the PSD 35  is the same as the bandwidth 30 of the PSD
33). The PSD 33 and shifted PSD 35 can also be referred to as the Normalised
PSD 33  25 and Normalised PSD 35. Accordingly, the upper 36 and lower 37
corner frequencies of the Normalised PSD 35 can also be referred to as the
Normalised Upper 36 and  Normalised Lower 37 corner frequencies of the
Normalised PSD 35 respectively. As shown in figure 3(b), the Normalised PSD
35 of the demodulated pilot symbols  30 is right shifted by a factor, S 34,
in the presence of a frequency offset. S is determined by  Equation 2A: 
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dou201O9111 -12- S = 256.fo.Tc Equation 2A and the Normalised Upper 36 and
Lower 37 corner frequencies of the Normalised PSD 35  are respectively
expressed by Equations 2B and 2C, as follows: 5 S + 256 fD.Tc Equation 2B
S- 256 fD.Tc Equation 2C By estimating the Normalised Upper 36 and Lower 37
corner frequencies of the  10 Normalised PSD 35, it is possible to determine
the frequency offset between the BS and  MSR. For example, let fm and f, be
respectively defined as the frequency limits  corresponding to the Upper 36
and Lower 37 corner frequencies of the Normalised PSD 35 15 for a CDMA
system (e.g. a 3GPP UTRA-FDD system) using a correlation length of 256.  In
the presence of a frequency offset (fo) and Doppler Shift (fD), the values
off,,, and f, are  respectively defined by Equations 3 and 4: 20 fin = 256
fDTc + 256 foTc Equation 3  fR = -256 fDTc + 256 foTc Equation 4 By solving
Equations 3 and 4, the Doppler Shift (f2) and frequency offset (f,) are
given by Equations 5 and 6 respectively: 25 fD=(fm-fn)/(512Tc) Equations  fo
= (fm +.f,,) I (512 Tc) Equation 6 As a by-product, from Equations IA and 5,
it follows that: 30 v = ((f", - f") c) I (5l 2.fc.Tc) Equation 7
CtwE+WWSITCmpm lNeepci Fil,1Corn,ntIEltYQ6AKLVZ,IU2I927n sped #3 dm-NAnV(13
- 13  From Equation 6, it can be seen that the frequency offset (fo) between
the BS and  MSR can be determined if the frequency values corresponding to
the Upper (i.e. fn 36)  



and Lower (i.e. f 37) comer frequencies of the Normalised PSD 35 are known.
5 Figure 4 is a diagram showing the process for estimating the Upper (i.e.
f,, 36) and  Lower (i.e. fn 37) comer frequencies of the Normalised PSD 35.
Figure 4 is only an  exemplary illustration of the process in one particular
Rake Finger (e.g. for Rake Finger 12  in Figure 1). In fact, the process in
Figure 4 can be implemented the same way for each of  the Rake Fingers (e.g.
items 12, 13 and 14 in Figure 1) in the Rake Receiver 10. The 10 received
input signal 11 serves as input to the Rake Finger 12 and is passed to the
Pilot  Correlator 23. The Pilot Correlator 23 uses the PN Code generated by
the Pilot PN Code  Generator 21 for demodulating pilot symbols, s(n) 18,
derived from the received input  signal 11. The demodulated pilot symbols,
s(n) I8, are then passed to the Frequency  Offset Estimation Block 40 for
further processing. Two identical copies of the 15 demodulated pilot
symbols, s(n), are split 41 along two separate processing paths 42 and  43.
The demodulated pilot symbols propagated along path 42 are subjected to a
multiplication process 44, which involves multiplying each pilot symbol in
s(n) by the  factor e'`0' (where n is an integer, and n > 0). The
multiplication process 44 can also be  referred to as a process of
performing complex rotation (or "frequency shifting") on the 20 demodulated
pilot symbols, s(n) 18. The effect of the complex rotation on the PSD of the
demodulated pilot symbols 18 is shown in Figure 5 and is described in more
detail in this  specification. The output of the multiplication process 44
is a stream of adjusted pilot symbols,  25 x(n) 19. All the adjusted
symbols, x(n) 19, are passed through a low pass filter ("LPF") 45 (also
referred to as "Filter F2"). Similarly, the unaltered demodulated pilot
symbols, s(n)  18, are propagated along path 43 and passed through a
separate low pass filter 46 (also  referred to as "Filter F1"). The low pass
filters 45 and 46 are identical, and the upper and  lower corner frequencies
of the filters can be denoted as LP and -LP respectively. The 30 output of
each of the low pass filters 45 and 46 are respectively passed through a
separate  device 47 and 48 (such as an integrator) for calculating the power
of the output from each C:VINDOWS Temporm - Initmc[ Flies`,ComeotlE5 MAKL
V21i22152'n span 03 do -2O/(I X3 -14 filter 45 and 46 respectively. The
power of the output calculated from the low pass filter  



46 is also referred to as Px. Similarly, the power of the output calculated
from the low pass  filter 45 is also referred to as Py. Both the power
outputs Px and Py are passed to a Digital  Signal Processor 49, which
estimates the frequency offset (f4). The Digital Signal 5 Processor 49 also
adjusts the value of f in the complex rotation factor (ef'"') which is
multiplied to subsequent demodulated pilot signals processed by the
Frequency Offset  Estimation Block 40. Figure 5 shows, in three-dimensional
representation, a graph 57 corresponding to  10 the PSD of the demodulated
pilot symbols in the presence of a frequency offset (i.e. the Normalised PSD
of s(n) 18, as shown in Figure 4) and another graph 58 of the PSD of the
demodulated pilot symbols which have been shifted due to complex rotation
(i.e. the PSD  of x(n) 19, as shown in Figure 4). When a positive value off
is used in the factor d2 ',  which is multiplied to each of the pilot
symbols s(n) during complex rotation, the resultant 15 PSD (e.g. the PSD
shown as item 58 in Figure 5) will be shifted towards the right hand  side
of the graph by the factor f. When a negative value off is used in the
factor e'" f, the  resultant PSD will be shifted towards the left hand side
of the graph by the factor f In the  example shown in Figure 5, a positive
value off is used and hence the resultant PSD 58  shifts to the right, and
accordingly, both the upper and lower corner frequencies of the 20 resultant
PSD 58 are right shifted by the factor f 54 from positions 50 and 51 to
positions  52 and 53 respectively. The respective bandwidths 55 and 56 of
the PSD 57 and 58 are the  same before and after complex rotation. The
factor f 54 is used in the method described  herein for estimating the
frequency offset (fo). 25 An example illustrating the method for frequency
estimation is described with  reference to Figures 6(a) and 6(b). In Figures
6(a) and 6(b), the upper and lower corner  frequency of the low pass filters
45 and 46 are shown as 71 and 70 respectively, The  values "LP" and "-LP"
correspond to the upper and lower corner frequencies respectively  for low
pass filters 45 and 46. The area 72 represents the passband for the LPFs 45
and 46. 30 The Normalised PSD of demodulated pilot symbols (i.e. the PSD of
s(n) 18 before filtering  using LPF 46) is shown as area 73, and has upper
and lower corner frequencies C'WINDOWSMwporxrImanet
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256(fo+fD)Tc and 256(fo- fD)Tc respectively. After performing complex
rotation, the  Normalised PSD 73 is shifted by a factor f. In this example,
the value off is positive, thus  resulting in the right shifted PSD shown as
area 74 (i.e. the PSD of x(n) 19 before filtering  using LPF 45). When x(n)
19 is passed through LPF 45, the band-limited result is shown 5 as the PSD
in area 75 (i.e. the PSD corresponding to Py). Similarly, when s(n) 18 is
passed  through LPF 46, the band-limited result is shown as the PSD in area
76 (i.e. the PSD  corresponding to Pr). It can be seen from Figure 6(a) that
the power of the filter output  (Pr) is nearly equal to the power of the
demodulated pilot symbols (Py) if the PSD 74 of the  input to filter 45 is
entirely contained within the passband of the LPFs 45 and 46 (i.e. Py =  10
Pr). In another example shown in Figure 6(b), complex rotation of the
demodulated  pilot symbols causes the Normalised PSD 73 to shift by a larger
factor f. In this example,  the value of f is positive, which results in the
right shifted PSD shown as area 77. 15 However, shift from complex rotation
leaves a portion of the PSD 77 outside the upper  corner frequency (LP) of
LPF 45. Thus, when s(n) 18 and x(n) 19 are respectively passed  through LPFs
46 and 45, the band-limited result of the power of the output from LPF 45
(shown as the PSD in area 78) is less than the band-limited power of the
output of LPF 46  (shown as the PSD in area 79). It can be seen from Figure
6(b) that the power of the 20 output of filter 45 (Py) is less than the
power of the output of filter 46 (Pt) if the PSD of the  input to filter 45
is not entirely contained within the passband of the LPFs 45 and 46 (i.e.
Py < Px). For a fixed value off in d rn, powers Py and Px are measured.
These measurements  25 are used to estimate the frequency offset as follows.
LetfR be the maximum positive value of f for which Py = P,,. The upper
corner frequency (J) can therefore be expressed as  shown in Equation 8: fn
= LP -fR Equation 8 30 Let fL be the minimum negative value off for which Py
= P. The lower corner C:iw[NDOWSITcmpO. {WC
Fibm\CmwairESSYQ6AKL.VZ\i12I727Dspxi 03 dpc-1D)r1WD3 -16- 



frequency (f,') is therefore expressed as shown in Equation 9: f" = -LP -fL
Equation 9 5 In selecting LPF 45 and LPF 46 one has to ensure that the upper
corner frequency  36 and lower corner frequency 37 is less than LP and
greater than -LP (i.e. LP > f, > -LP  and LP > f" > -LP). Since an ideal low
pass filter cannot be realised and a finite and  discrete number of values
must be used to express the power calculations Py and P,,, a  threshold
value of T is applied, where T < 1. T is the correction factor, which is
preferably 10 given the value of about 0.9. The value of T can be varied
depending on the roll-off factor  for the low pass filter used in 45 and 46.
Thus, fR can be redefined as the maximum positive value off for which Py and
Pc  satisfy the criteria in Equation 10. Similarly, fL is the minimum
negative value off for  15 which Py and Px satisfy the criteria in Equation
10: Py > P, T Equation 10 The aim is to find (by estimation using a binary
search) the maximum positive  20 value of f (i.e. fR) and the minimum
negative value of f (i.e. fL) which results in power  values for Py and Pz
that satisfies the inequality in Equation 10. To determine the values of fR
and fL, the value off can be increased or decreased at  particular small
intervals until the inequality in Equation 10 is satisfied. Preferably, the
25 value off is increased (to find the maximum positive value off) or
decreased (to find the  minimum negative value off) at intervals of 0.25
(for example, f = 0.5, 0.75, ... and so on;  or f = -0.5, -0.75, ...and so
on). Alternatively, it is preferable that the value of f is  increased or
decreased by a factor 2"m, where m is a positive integer greater than 0 and
where the value of m is initially set at 1. Preferably further, the value of
m is increased by 30 1 each time the value off is adjusted. Alternatively, a
binary search may be employed to  determine the values of fR and fL, which
is more efficient. The variable modified in the C:i 1NOOW51Tentparary
InttmetFilea~Cae 1n~FE5WVQ6AKLVZ1122151h1 spaei N3 dx-2M W - 17 binary
search is f. The range off is dependent on the upper (LP 71) and lower (-LP
70)  corner frequencies of the low pass filters 45 and 46. For example,
assume that the values of LP and -LP are respectively set at 0.2 and  



5 -0.2, and the speed of the MSR (v) is between 0 kilometres per hour
("kph") and 300 kph, and the frequency offset (f) is less than 2000 Hz (i.e.
equivalent to a maximum clock  difference of I ppm), and the correlation
length of the Pilot Correlator is 256, the range of  the absolute value off
that has to be searched to determine the values offR and fL (i.e. If,)  can
be determined. The values of Tc and fc are assumed to be 0.26s and 2 GHz 10
respectively. By applying the above assumptions to Equation 3, the maximum
value off,  (i.e. fm = 0.17) occurs when v = 300 kph and f, = 2000. When fm
attains its maximum  value, fR attains its minimum value (i.e. fR = 0.03,
using Equation 8). Similarly, according  to Equation 3, the minimum value
off" (i.e. fm = -0.13312) occurs when v = 0 kph and f, =  -2000 Hz. When fm
attains its minimum value, fR attains its maximum value (i.e. fR = 15
0.3312, using Equation 8). Therefore, the range of absolute values off that
has to be  searched to determine the values of fR (andfL) is given as
Equation 11: 0.03 < VI < 0.3312 Equation 11 20 In Equation 11, the positive
estimated values off determine fR, while the negative  estimated values of f
determine fL. Hence, two separate binary searches are required, to
separately search for the maximum positive estimated value off and the
minimum negative  estimated value of f. Preferably, the binary search
estimates the value of fR and fL to an  accuracy of a fractional bits, where
a is within the range of 5 to 8. 25 Figure 7 is a flowchart showing the
steps in the binary search method used to  estimate the value of fR (i.e.
the maximum positive value of J). The method starts at step  90, where f is
initially set the value of 0.5 and the variable Xis initially set the value
of 0.5.  In step 91, correlation of the received signal is performed by the
Pilot Correlator 23 to 30 derive demodulated pilot symbols, s(n) 18. The
demodulated pilot symbols 18 are passed  through a low pass filter 46 and
the power of the filter output is measured 48 as P. The C:iWFM C*51Tempor y
Imrmq FiLmdCWICRLIPS%YQ5AKLVZ1122132711,pui #3 do -2UN)RW -18 demodulated
pilot symbols 18 are also subjected to complex rotation 44 (by multiplying
each of the demodulated pilot symbols 18 by the factor e'2') and the complex
rotated  demodulated pilot symbols 19 are passed through another low pass
filter 45 with the power  



of the filter output measured 47 as Py. After determining the value of Py
and P, the 5 method progresses to step 92. In step 92, the condition (Py <
Px 7) is checked, where T is  the correction factor, which is preferably set
at 0.9. If the condition in step 92 is satisfied,  the method proceeds to
step 93, which decreases the value off by the value of X (i.e. f = f - A).
However if the condition in step 92 is not satisfied, the value off is
unchanged and the  method proceeds to step 94. In step 94, the condition (X
= 2') is checked, which 10 determines whether the value of X has reached the
required level of accuracy (i.e. by the  number of fractional bits)
determined by the factor a. If the condition in step 94 is  satisfied, this
indicates the end of the binary search, as shown in step 96. In step 96, the
value off from the binary search is the estimated value offR. Accordingly,
the value off,,,  can be calculated according to Equation 8. The condition
in step 94 will eventually be met 15 by further iterations of the steps in
the method described, since the degree of accuracy  improves after each
iteration (i.e. the value of X is adjusted after each iteration to become
closer to the required level of fractional bit accuracy). However if the
condition in step 94  is not met, the value of X is updated to preferably
become half of its original value (i.e. X =  X12) and the value off is is
added to the value off (i.e. f =f + X), The new values of X and f 20 are
then used for another iteration of the method steps starting from step 91.
As such, the  estimation method involves an iteration of certain steps
required for performing the binary  search and stops when the value off has
attained the required degree of accuracy. Figure 8 is a flowchart showing
the steps in the binary search method used to  25 estimate the value of fL
(i.e. the minimum negative value of-!). The method starts at step 100, where
f is initially set the value of -0.5 and the variable Xis initially set the
value of  0.5. In step 101, correlation of the received signal is performed
by the Pilot Correlator 23  to derive demodulated pilot symbols, s(n) 18.
The demodulated pilot symbols 18 are  passed through a low pass filter 46
and the power of the filter output is measured 48 as P,. 30 The demodulated
pilot symbols 18 are also subjected to complex rotation 44 (by  multiplying
each of the demodulated pilot symbols 18 by the factor e'2r') and the
complex C:IWIND0W$1Tclnpaxly 1nt ntFile oo=enlIp 5WYQGAKLVZ112212711 sped #1
doc_2O108Y17 -19 rotated demodulated pilot symbols 19 are passed through
another low pass filter 45 with  



the power of the filter output measured 47 as P1,. After determining the
value of P. and Pc,  the method progresses to step 102. In step 102, the
condition (P., < P.Y T) is checked, where  T is the correction factor, which
is preferably set at 0.9. If the condition in step 102 is 5 satisfied, the
method proceeds to step 103, which increases the value off by the value of X
(i.e. f = f + X). However if the condition in step 102 is not satisfied, the
value of f is  unchanged and the method proceeds to step 104. In step 104,
the condition (X = 2-') is  checked, which determines whether the value of X
has reached the required level of  accuracy (i.e. by the number of
fractional bits) determined by the factor a. If the condition 10 in step 104
is satisfied, this indicates the end of the binary search, as shown in step
106. In  step 106, the value off from the binary search is the estimated
value of fL. Accordingly,  the value off" can be calculated according to
Equation 9. The condition in step 104 will  eventually be met by further
iterations of the steps in the method described, since the  degree of
accuracy improves after each iteration (i.e. the value of X is adjusted
after each 15 iteration to become closer to the required level of fractional
bit accuracy). However if the  condition in step 104 is not met, the value
of X is updated to preferably become half of its  original value (i.e. X =
X12) and the value of X is subtracted from the value off (i.e. f = f - X).
The new values of X and f are then used for another iteration of the method
steps  starting from step 101. As such, the estimation method involves an
iteration of certain 20 steps required for performing the binary search and
stops when the value off has attained  the required degree of accuracy. Once
the values off, and f" are obtained, it is possible to calculate the
estimated frequency  offset (fo~) using Equation 6. As a by-product, the
speed of the MSR can also be obtained 25 using Equation 7. The speed, v,
calculated from Equation 7 could be used to improve the  MSR's receptive
performance by further assisting the Phase Correction Unit 25 to make a
more accurate adjustment to compensate for any phase delays in the signal
received by the  MSR. 30 As shown in Figure 4, the Digital Signal Processor
49 ("DSP") adaptively changes  the value off and eventually determines the
values of fm and f, using a binary search C:IWINDOWS'Ter,pmrv Imemy
Pik.leoumn[.IES\YQ6AKLYC,12215 70 Sped #Moc-20A IO3 -20 



described above. For example, in every iteration of the estimation method, a
fixed number  of demodulated pilot symbols will be extracted from the signal
received by the MSR, using  the correlation process performed in steps 91
and 101, and subsequently used for  calculating the value of P,, and P.
Preferably, about 400 pilot symbols are used in each 5 iteration for
determining the value of Py and P. After the value of P1, and Px has been
determined, the DSP performs the two binary searches (shown as steps 90, 91,
92, 93 and  94 in Figure 7, and steps 100, 101, 102, 103 and 104 in Figure
8) to determine an estimated  value off . and f,,. Assuming that the value
of X in both separate binary searches has not  reached the required level of
accuracy (i.e. the condition in steps 94 and 104 have not been  10
satisfied), the value off is adjusted (in steps 95 and 105) and the value
off in the complex rotation factor e'`'' is updated 80 (as shown in Figure
4). As a result, subsequent sets of a  fixed number of demodulated pilot
symbols will each be processed by the Frequency  Offset Estimation Block 40
using an updated value off. 15 Initially the predicted frequency error is
high. Similar to other frequency offset  estimation algorithms the procedure
needs to be repeated several times before the desired  accuracy, described
in Table 1 below, is achieved. The estimation method, as described above,
was tested under the conditions  20 prescribed in Case 1 as described in the
specification "UE Radio Transmission and Reception (FDD) 3GPP TS 25.101
V3.2.0", the contents of which is hereby incorporated  into this
specification. The results of three different tests using the frequency
shift based  estimation method described herein are provided in Table 1. The
speed (v) of the MSR  was varied in the test, in order to take account of
the range of values for v in the presence  25 of different frequency
offsets. The test also involved finding a suitable value of T, which was
determined by  simulations and further described as follows. For known
values corresponding to the  frequency offset (fo), speed (v) and fR, the
value of f in factor e'2'' was tested based on 30 different values around
the value of fR. For example, the following values off were tested f  = fR -
0.05; f = fR; f = fn + 0.05, For each value off, the ratio PIP. from the
power of C.',WINUOWS1Temporaly IIrnetFite.,Cx em.IE5tYQ6AKLVZ1122152-,0 spsi
r3dac 1aJi&O3 



21 filtered outputs 47 and 48 was measured. The experiment was repeated
again for different  values off, and v. Each time a new ratio for PIP, was
calculated. The mean of all the  calculated ratios for PPP was selected as
the value of T. Preferably, the value of T is less  than 1, and preferable
further, T = 09. The value of T found using this technique was quite 5
stable in response to variations in the signal strength for different
multipaths and also in  response to variations in the signal-to-noise ratio
("SNR") of the signal received by the  MSR. A Low Pass Infinite Impulse
Response ("IIR") filter, with LP = 0.2 (i.e. upper  10 corner frequency (LP)
= 0.2; and lower corner frequency (-LP) = -0.2) and T=0.9, was used for
presenting the results shown in Table 1. Also, the power (i.e. PY or P.')
was  calculated using an average of 400 demodulated pilot symbols. The
carrier frequency (fc)  used in the test was 2 GHz. Test Number123
Correlation Length256256256 Speed of the MSR (kph)100150100 Estimated Speed
(kph)117181125 Actual frequency offset (fa) (Hz)25010002500 Estimated
frequency offset (Hz)2459552429 Error in the estimated frequency offset
(Hz)54571 Actual difference between the BS and MSR clocks 0.1250.51.25 (ppm)
Estimated difference between the BS and MSR 0.12250.47751.2145 clocks (ppm)
Error in the estimated difference between the BS 0.00250.02250.0355 and MSR
clocks (ppm) 15 Table 1: Results for Frequency Offset Estimation 



Note that in Table 1, the error in the estimated frequency offset is the
absolute  difference between the actual frequency offset between the BS and
MSR, and the C'kWI13DOW51T,mpc,my 1zn,I FiI Com 1E5%YQ6AKF-4251221 5 2 70
,paci 03do-I)(I1 Q3 estimated frequency offset between the BS and MSR.
Similarly, the error in the estimated  difference between the BS and MSR
clocks is the absolute difference between the actual  difference between the
BS and MSR clocks, and the estimated difference between the BS  and MSR
clocks. 5 When the initial estimation is obtained by the DSP, the frequency
offset could be  large, such as in test number 2 where the actual frequency
offset is 1000 Hz. The DSP  performs a finite number of repeated frequency
estimations. For example, five estimations  may be repeatedly performed and
the actual frequency offset of 1000 Hz could be 10 estimated as 980 Hz, 930
Hz, 940 Hz, 970 Hz and 955 Hz respectively in each of these  estimations.
The average of the estimated frequency offset values is determined, which in
this example is 955 Hz. Thus, in this example, the actual frequency offset
of 1000 Hz is  estimated by the DSP as a frequency offset of 955 Hz.
Accordingly, the frequency  generated in the MSR is increased by 955 Hz to
compensate for the frequency offset. In 15 this example, the error between
the estimated frequency offset and the actual frequency  offset is 1000 Hz -
955 Hz = 45 Hz. As the frequency offset estimation method is  repeated, the
error in the estimated frequency offset is gradually reduced. Preferably,
for  frequency offset estimations, the frequency offset estimation method is
repeated 5 to 10  times. In a similar fashion, repeated estimations can also
be performed to determine speed  20 estimations, however, in general, this
may not be necessary. The method for frequency offset estimation can be used
in wireless systems, such  as the UMTS FDD/3G, GSM, 3G TD-SCDMA, IS-95 and
CDMA2000 systems, to  improve the system performance. 25 The method of
estimating the frequency offset between the BS and MSR may be  performed
using a fixed number of pilot symbols stored, for example, in a cache. This
involves iteratively performing the frequency estimation method over those
pilot symbols  



stored in the cache. Once the frequency offset has been determined based on
the cached 30 pilot symbols the determined frequency offset value is used to
correct the frequency offset  between the BS and MSR (the way this is done
is beyond the scope of the invention). This C %WINDOWS Temporuy Inlemn
FilesSContrnt1E51YQ6AKLVZ\12215271)spmi xl.doc~IIXKM -23 technique may be
applied at periodic time intervals, for example, every 15 minutes of
transmission time. Alternatively, the method of estimating the frequency
offset may be performed  5 continuously on the fly. For example, the MSR may
process a first batch of a fixed number of demodulated pilot symbols (e.g.
in batches of 400 demodulated pilot symbols).  The filtered powers (i.e. Py
and Px) are determined and compared, in accordance with the  method
described, for the first batch of pilot symbols. A frequency factor value is
determined based on the values of Py and Px, which is then updated as the
new value off in 10 the factor e'2'rf". The estimation method, using the new
value off derived from the first  batch of pilot symbols is applied to a
second batch of pilot symbols, as so on for further  batches of pilot
symbols. In this way, the frequency factor may be adjusted for each batch
of demodulated pilot symbols based on the frequency offset characteristics
in the signal  received by the MSR. 15 Although the frequency offset
estimation performed by the Frequency Offset  Estimation Block 40 is shown
in Figure 4 as a separate hardware block that is coupled to  components in a
Rake Finger 12, the components in the Frequency Offset Estimation  Block 40
may be integrated into other components of the Rake Finger 12. For example,
20 the functionality or components in the Frequency Offset Estimation Block
40 may be  integrated into the Pilot Correlator 23 or the Phase Correction
Unit 25. The frequency  offset estimation method described herein can be
implemented in either software or  hardware. 25 Many modifications will be
apparent to those skilled in the art without departing  from the spirit and
scope of the present invention. C:IWINUOWS\Tcnpwary Imcwcr
FiICelConlcnLIE5\YQSAKL1v2I22 I32704pca KLAnc-2OIO U3 



-24 CLAIMS: 1. A method for estimating a frequency offset between a receiver
and a transmitter,  said method including the steps of, 5 (a) receiving a
first signal from said transmitter and demodulating said first  signal; (b)
performing a frequency shift on said first signal by a predetermined
frequency factor to generate a second signal; (c) filtering each of said
first and second signals; 10 (d) determining the power of each of said
filtered first and second signals; (e) determining an upper corner frequency
value of said first signal using the  determined power of said filtered
first and second signals; (0 determining a lower corner frequency value of
said first signal using the determined power of said filtered first and
second signals; and 15 (g) determining a frequency offset based on said
upper corner frequency value  and said lower corner frequency value. 2. The
method of claim 1, wherein step (e) includes: performing a comparison of the
power of said filtered first signal with the power of said filtered second
signal, and if said 20 comparison indicates that a first predetermined
condition is not satisfied, performing a first  adjustment of said frequency
factor and repeating steps (b) to (d). 3. The method of claim 2, wherein if
said comparison indicates that the first  predetermined condition is
satisfied, performing a second adjustment of said frequency  25 factor. 4.
The method of claim 2, wherein said comparison includes determining whether
the  power of said filtered second signal is less than the power of said
filtered first signal  multiplied by a predetermined correction factor. 30
5. The method of claim 2, wherein said first adjustment of said frequency
factor C!.WINCOWS%Tempurwy In mct Fiiei'Con1,, LE5WQ6AKl.VZ\I22]5270 sped
M3.doc-20/4&1)3 



-25- comprises increasing said frequency factor. 6. The method of claim 3,
wherein said second adjustment includes subtracting a  predefined control
factor, X, from said frequency factor. 5 7. The method of claim 6, further
including performing a comparison of the control  factor, X. with a
predetermined accuracy level, wherein if the comparison indicates that a
second predetermined condition is not satisfied, said first adjustment is
performed. 10 8. The method of claim 7, wherein said first adjustment
includes assigning a new  value of X12 to said control value, and adding the
new control factor to said frequency  factor before repeating steps (b) to
(d). 9. The method of claim 7, wherein said comparison of the control factor
with the  15 predetermined accuracy level is represented by X = 2-a, where a
is a predetermined integer  greater than zero. 10. The method of claim 1,
wherein step c) includes low pass filtering each of said first  and second
signals. 20 11. The method of claim 1, wherein step f) includes: performing
a comparison of the  power of said filtered first signal with the power of
said filtered second signal, and if said  comparison indicates that a first
predetermined condition is not satisfied, performing a first  adjustment of
said frequency factor and repeating steps (b) to (d). 25 12. The method of
claim 11, wherein if said comparison indicates that the first  predetermined
condition is satisfied, performing a second adjustment of said frequency
factor. 30 13. The method of claim 11, wherein said comparison includes
determining whether  the power of said filtered second signal is less than
the power of said filtered first signal C iWIN7OWSITemporary Intts Fil-COnr
IE5,YQ6AKLVZg22I527n sped M3.Eac-2O(] 1)3 -26 multiplied by a predetermined
correction factor. 



14. The method of claim 11, wherein said first adjustment of said frequency
factor  comprises decreasing said frequency factor. 5 15. The method of
claim 12, wherein said second adjustment includes adding a  predefined
control factor, X, to said frequency factor. 16. The method of claim 15,
further including performing a comparison of the control  10 factor, X, with
a predetermined accuracy level, wherein if the comparison indicates that a
second predetermined condition is not satisfied, said first adjustment is
performed. 17. The method of claim 16, wherein said first adjustment
includes assigning a new  value of X12 to said control value, and
subtracting the new control factor from said  15 frequency factor before
repeating steps (b) to (d). 18. The method of claim 17, wherein said
comparison of the control factor with the  predetermined accuracy level is
represented by X = 2-a, where a is a predetermined integer  greater than
zero. 20 19. The method of claim 1, further including the step of
determining a relative speed of  the receiver with respect to the
transmitter based on the determined upper and lower corner  frequencies. 25
20. A system for estimating a frequency offset between a receiver and a
transmitter,  including: a) means for receiving a first signal from said
transmitter and demodulating  said first signal; b) means for performing a
frequency shift on said first signal by a  30 predetermined frequency factor
to generate a second signal; c) filter means for filtering each of said
first and second signals; C1k NDOWS~Te .poetry fnumet
FileslContenLle9WYQiAKL.VZl122 L727O aped #3.doc-2UffiK3 -27 d) means for
determining the power of each of said filtered first and second  signals;
and e) processor means for determining upper and lower corner frequency
values  



of said first signal using the determined power of said filtered first and
second signals and  5 for determining a frequency offset based on said
determined upper and lower corner  frequency values. 21. A system for
estimating a frequency offset between a receiver and a transmitter, the
system having means to perform the method of any one of claims 1 to 19. 10
22. The system of claim 20, wherein the receiver is a rake receiver. 23. The
system of claim 22, wherein the rake receiver is housed in a mobile station,
15 24. The system of claim 20, wherein the transmitter is a base station
transmitter. 25. A frequency offset estimation module of a rake receiver of
a mobile station,  comprising the system of claim 20. 20 26. A mobile
station having a frequency offset estimation module comprising the  system
of claim 20. 27. The mobile station of claim 26, wherein the system
comprises means for  performing the method of any one of claims 1 to 19. 


