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SPECTRUM AGILE RADIO

TECHNICAL FIELD

The present invention generally relates to radio communication systems, devices
and methods and, more particularly, to mechanisms and techniques for spectrum agile

radios.

BACKGROUND

At its inception radio telephony was designed, and used for, voice communications.
As the consumer electronics industry continued to mature, and the capabilities of
processors increased, more devices became available that allowed the wireless transfer of
data between devices and more applications became available that operated based on such
transferred data. Of particular note are the Internet and local area networks (LANSs).
These two innovations allowed multiple users and multiple devices to communicate and
exchange data between different devices and device types. With the advent of these
devices and capabilities, users (both business and residential) found the need to transmit
data, as well as voice, from mobile locations.

The infrastructure and networks which support this voice and data transfer have
likewise evolved. Limited data applications, such as text messaging, were introduced into
the so-called “2G” systems, such as the Global System for Mobile (GSM)
communications. Packet data over radio communication systems became more usable in
GSM with the addition of the General Packet Radio Services (GPRS). 3G systems and,
then, even higher bandwidth radio communications introduced by Universal Terrestrial
Radio Access (UTRA) standards made applications like surfing the web more easily

accessible to millions of users (and with more tolerable delay).
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Even as new network designs are rolled out by network manufacturers, future
systems which provide greater data throughputs to end user devices are under discussion
and development. For example, the 3GPP Long Term Evolution (LTE) standardization
project is intended to provide a technical basis for radiocommunications in the decades to
come. Among other things of note with regard to LTE systems is that they will provide for
downlink communications (i.¢., the transmission direction from the network to the mobile
terminal) using orthogonal frequency division multiplexing (OFDM) as a transmission
format and will provide for uplink communications (i.e., the transmission direction from
the mobile terminal to the network) using single carrier frequency division multiple access
(FDMA).

Regardless of the standardized system being implemented, communication system
base stations in such systems operate as access points for mobile users and typically handle
bands and channels that are commissioned during an installation or upgrade activity. The
bands and channels which are used by a particular base station typically remain fixed after
the base station has been commissioned and are used by that base station for long periods
of time, e.g., years, to support radiocommunication services with mobile subscribers. The
number of channels and/or the bandwidths of the channels with which the base station is
commissioned for operation are typically chosen from a small number of options, e.g.,
based on a particular air interface standard.

However, the number of frequency bands, as well as the number of licensed sub-
band bandwidths, available for communication networks continue to increase over time.
In addition it may be possible to opportunistically use portions of the spectrum at times
when it is otherwise underused. Moreover there are dynamic situations where the demand
for communication can change rapidly in a geographic as well as a temporal sense. Since,

as mentioned above, existing systems typically handle only a small number of channels
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and/or bandwidths and have bandwidths that are not rapidly changeable, there are many

situations where the utilization of spectrum is not as efficient as it could be.
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SUMMARY

A spectrum agile radio having one or more variable digital filters is described. To
quickly, yet accurately, retune the digital filter(s) a windowing function is applied to an
ideal filter characteristic for each of one or more desired frequency bands to generate filter
coefficients. Transitioning between coefficients of a previous filter and a current filter is
handled to avoid problems associated with discontinuities in the signal processing.

According to one exemplary embodiment, a method for modifying coefficients of a
digital filter in a communication node includes determining an ideal filter function for at
least one frequency band, performing an inverse Fourier Transform on the ideal filter
function to generate initial coefficients, multiplying the initial coefficients by a windowing
function to generate final filter coefficients, and substituting the final filter coefficients for
previous coefficients of the digital filter.

According to another exemplary embodiment a communication node includes a
processor configured to generate radio signals for transmission and to process received
radio signals, and a plurality of receive/transmit chain elements configured to process the
radio signals including at least one digital filter having a variable set of filter coefficients,
wherein the processor is further configured to modify the variable set of filter coefficients
by determining an ideal filter function for at least one frequency band associated with the
radio signals, performing an inverse Fourier Transform on the ideal filter function to
generate initial coefficients, multiplying the initial coefficients by a windowing function to
generate final filter coefficients, and substituting the final filter coefficients for previous

coefficients of the at least one digital filter.
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BRIEF DESCRIPTION OF THE DRAWINGS

The accompanying drawings, which are incorporated in and constitute a part of the
specification, illustrate one or more embodiments and, together with the description,
explain these embodiments. In the drawings:

Figure 1 illustrates an exemplary LTE access network in which exemplary
embodiments can be implemented;

Figure 2 depicts an exemplary base station in which exemplary embodiments can
be implemented;

Figure 3 is a flow chart illustrating a method for modifying coefficients of a digital
filter according to an exemplary embodiment;

Figure 4 illustrates a frequency response for an ideal filter and a digital filter
corresponding to the ideal filter having coefficients generated according to an exemplary
embodiment;

Figure 5 depicts a windowing function and initial coefficients used to generate the
digital filter having a filter response shown in Figure 4;

Figure 6 illustrates a frequency response for an ideal filter with two pass bands and
a digital filter corresponding to the ideal filter having coefficients generated according to
an exemplary embodiment;

Figure 7 depicts a windowing function and initial coefficients used to generate the
digital filter having a filter response shown in Figure 6; and

Figure 8 depicts a transceiver in which exemplary embodiments can be

implemented.
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DETAILED DESCRIPTION

The following description of the exemplary embodiments of the present invention
refers to the accompanying drawings. The same reference numbers in different drawings
identify the same or similar elements. The following detailed description does not limit
the invention. Instead, the scope of the invention is defined by the appended claims.

Radios used in base stations continue to improve in terms of instantaneous
bandwidth. Multiple bands are handled by multiple radios or by radios with multiple band
capability designed into them. These radios typically rely on digital filtering to define the
portion of the instantancous bandwidth that is utilized at any given time, ¢.g., using digital
filter coefficients or taps which are optimized for their commissioned bandwidth to fixed
values. According to exemplary embodiments, these digital filters can instead have their
operating parameters varied “on-the-fly” to provide a method and apparatus for a
Spectrum Agile Radio (SAR) with digital filtering that enables agile spectrum utilization.
The spectrum used by base stations employing SARs according to embodiments can
change as fast as the minimum time slot that can be scheduled for a communication
network device. Digital filtering according to these embodiments is made flexible by, for
example, producing FIR filter taps in the base station or radio in response to information
about the start frequency and bandwidth of one or multiple sub-bands in each of one or

more bands to be used for an upcoming transmission or reception of a radio signal.

To provide some context for a more detailed discussion of digital filtering and
SARs according to exemplary embodiments, consider first the exemplary
radiocommunication system illustrated in Figures 1-2. Beginning with the radio access
network nodes and interfaces in Figure 1, it will be seen that this particular example is

provided in the context of LTE systems. Nonetheless, the present invention is not limited
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in its applicability to transmitters or transmissions associated with LTE systems and can
instead be used in any radiocommunication system including, but not limited to Wideband
Code Division Multiple Access (WCDMA), CDMA, GSM, UTRA, E-UTRA, High Speed
Packet Access (HSPA), UMB, WiMaX and other, systems, devices and methods. Since,
however, the example in Figure 1 is provided in terms of LTE, the network node which
transmits and receives radio signals over the air interface is termed an eNodeB, several of

which eNodeBs 100 are illustrated therein.

In the context of the air interface, each eNodeB 100 is responsible for transmitting
signals toward, and receiving signals from, one or more cells 102. Each eNodeB includes
multiple antennas, e.g., 2, 4, or more transmit antennas, and handles functions including,
but not limited to coding, decoding, modulation, demodulation, interleaving, de-
interleaving, etc., with respect to the physical layer of such signals. The eNodeBs 100 are
also responsible for many higher functions associated with handling communications in
the system including, for example, scheduling users, handover decisions, and the like. The
interested reader who desires more information regarding transmit or receive functions
associated with LTE or other systems in which these exemplary embodiments may be
deployed is directed toward the book entitled “3G Evolution — HSPA and LTE for Mobile
Broadband”, to Erik Dahlman et al., published by Elsevier Ltd., 2007, the disclosure of
which is incorporated by reference.

To briefly discuss the signal processing associated with the transmission and
reception of signals in an exemplary base station, which term is used here generically to
refer to access points such as eNodeBs and other similar devices, consider Figure 2. It will
be appreciated by those skilled in the art that the architecture shown in Figure 2 is
exemplary and that other base station architectures and base station filters could be

implemented in the digitally variable nature which will be described in more detail below.
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In this figure, the base station 200 includes a first receive path including a first antenna 202
coupled in series with a first RF (radio frequency) band pass filter (BPF) 204, a first down-
converter 206, a first IF (intermediate frequency) BPF 208 and a first Analog-to-Digital
Converter (ADC) 210. Note that herein the analog filters which are illustrated in Figure 2
can typically be implemented to cover as much of a band as possible (e.g. on the order of
up to 100 MHz) to allow the most flexibility possible in the agile digital filtering which is
performed in the Digital Signal Processor (DSP) block 230 and which is described in more
detail below.

A second receive path is also illustrated in this exemplary base station 200, which
receive path can be used for diversity reception of the same signal. The second receive
path includes a second antenna 212 coupled in series with a second RF BPF 214, a second
down-converter 216, a second IF BPF 218 and a second ADC 220. A transmit path is also
illustrated in Figure 2, which includes a Digital-to-Analog Converter (DAC) 222 coupled
in series with a third IF BPF 224, an up-converter 226, a third RF BPF 228 and the second
antenna 212. Further, as shown in Figure 2, the DSP 230 is independently coupled to the
output of the first ADC 210, the output of the second ADC 220 and the input of the DAC
222, while an oscillator 232 is independently coupled to the first down-converter 206, the
second down-converter 216 and the up-converter 226.

The base station 200 operates, for example, to receive the same radio signals from
MSs 104 on both the first and second receive diversity paths, these signals including voice
or data information within one of the RF channels of the desired spectrum. According to
exemplary embodiments, the channel and/or desired frequency spectrum may vary, e.g.,
from time slot to time slot. These signals are received at the first and second antennas 202,
212 and forwarded to their respective first and second RF BPFs 204, 214 which can be

implemented digitally as described below.
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At the BPFs 204, 214, the signals are filtered such that only the signals within the
frequencies of the desired frequency block or sub-block are forwarded, the remaining
frequencies containing noise or other unwanted signals being removed. Subsequently, the
filtered signals are received at the respective down-converters 206, 216 and down-
converted from Radio Frequency (RF) to either an intermediate frequency or baseband
frequency. These down-converted signals are then further filtered by their respective IF
filters 208, 218 which limit the signals to a particular frequency channel or limited set of
frequency channels. Finally, the channel-filtered signals are converted to digital signals by
their respective ADCs 210, 220. The digital results are output from the ADCs 210, 220 and
received at the DSP 230 where they are processed.

One function that is performed within the DSP 230 in this exemplary base station is
the logical combination of the digital signals to reduce the error rate and improve the
signal quality. It should be recognized by those skilled in the art that, in other base station
implementations, there could be only a single receive path or alternatively there could be
more than two receive paths with separate antennas. Further, the signals from the two
receive paths could alternatively be combined using analog techniques rather than being
combined within the DSP 230. Yet further, it should also be recognized that the receive
paths may contain one or more low-power amplification stages or other elements (not
shown). The DSP 230 can also, however, implement the spectrum agile digital filtering to
be described below.

For the transmit operation within the BTS of FIG. 2, the DSP 230 operates to
output signals to the transmit path, these signals being digital representations of voice or
data information. These digital signals are first sent to the DAC 222 where they are
converted to analog signals at a predetermined frequency. Next, the resulting analog

signals are filtered by the third IF BPF removing any noise generated at the DAC 222 on
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other frequencies. The channel-filtered analog signals are then up-converted to an RF
channel by the up-converter 226 and further filtered by the third RF BPF 228 which
removes any signals within frequencies outside of the desired frequency block or a
specified sub-block of frequencies using the variable filter design according to exemplary
embodiments described below. The resulting signals are subsequently output via the
second antenna 212. It should be recognized that the transmit path may also contain one or
more other elements, e.g., amplification stages, which are not shown in Figure 2.

It will be understood by those skilled in the art that the oscillator 232 within the
base station of Figure 2 provides the reference frequency for the down-conversion and up-
conversion operations. In this purely exemplary implementation, the reference frequency
can be the same for both the down-conversion and up-conversion operations due to the up-
link and down-link frequency spectrum blocks being relatively close in frequency.
However in other implementations, and in order to provide more flexibility for a spectrum
agile radio according to the embodiments described below, it may be desirable for each
upconverter and down-converter to have its own frequency reference source and/or to
provide a variable frequency reference source which is digitally programmable to vary in
accordance with the particular frequency band being used at a given time for transmission
and/or reception by the base station 200.

Having now described an exemplary base station 200 in which a spectrum agile
radio according to exemplary embodiments can be implemented, the focus now moves to a
description of spectrum agile filtering which can be used to enable a spectrum agile radio
to rapidly switch between different frequency bands to adapt to the usage of different
spectral resources for transmission and reception. If a base station, ¢.g., base station 200,
is to be spectrum agile, this implies a capability to rapidly switch between frequency bands

for transmission and reception which, in turn, implies the provision of an analog filtering
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capability, e.g., for filters 204, 208, 214, 218, 224 and/or 228 up to on the order of 100
MHz or the maximum bandwidth allowed by a particular band, for example. This enables
digital filtering flexibility for the DSP 230 within that bandwidth with one radio. Multiple
bands could be handled by multiple radios or special multi-band radios. Typically, filters
in base stations have fixed filtering capabilities which are designed to operate optimally for
a given fixed frequency band. However exemplary embodiments provide base stations
with the capability to digitally filter signals in different frequency bands by rapidly varying
the filter coefficients (taps) in a manner which continues to provide sufficiently good
filtering of undesired signals, e.g., in accordance with applicable standards, as will now be
described by way of a first example with respect to Figures 3-5.

Suppose, for example, that a base station 200 (or a different type of base station)
desires to transmit or receive in a next period (e.g., time slot) one or more signals in two
frequency (sub) bands, e.g., from -45 to -5 MHz and from +15 MHz to +35 MHz.
According to one embodiment, this can be accomplished by filtering the transmitted or
received signal energy using digital filters having real finite impulse response (FIR) filter
coefficients or, according to another embodiment, using digital filters having complex FIR
filter coefficients. Taking the real FIR filter coefficient embodiment example first, a first
filter can be generated for the first sub-band by creating real FIR filter coefficients for the
nominal 40 MHz bandwidth from -20 to 20 MHz and then using a digital tuner to shift the
center of the filter to -25 MHz.

In order to generate suitable filter coefficients “on-the-fly” for the filters in the
transmit and/or receive chain, the base station 200 can perform the steps illustrated in the
flowchart of Figure 3. First, at step 300, an ideal (so-called brickwall) filter associated
with each desired frequency band or sub-band is determined as a starting point based on

inputs associated with the desired center frequency and bandwidth of each portion of the
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spectrum which is desired to be passed by the filter(s). These inputs can be generated in
any desired manner, e.g., based on the base station “sniffing” the available spectrum and
determining that, for a next time slot, transmission in the -45 to -5 MHz and +15 to +35
MHz portions of the spectrum is in some way optimal, e.g., overall lowest mutual
interference. For example, as shown in Figure 4, the performance (filter response) of this
exemplary ideal filter for the first 40 MHz sub-band can be represented in the frequency
domain by the rectangular dotted line 400.

Once the rectangular function 400 associated with the ideal filter is determined, the
next step in Figure 3 is to perform/apply an Inverse (Fast) Fourier Transform (IFFT), at
step 302, to the rectangular function 400. This generates initial coefficients i, illustrated in
Figure 5 for this embodiment by the function 500 which approaches zero as the coefficient
index increases. Note that Figure 5 only shows the positive portion of the filtering
window, i.e., representing 0-20 MHz in this example, and is limited to only about 60
indices, although the function 500 would continue to have a non-zero amplitudes even out
to the thousandth index until the windowing function is applied as described below.

In order to generate accurate filters quickly, it is necessary to reduce the number of
filter coefficients (taps) which are calculated and used for the filters, but in a way in which
filter performance is still sufficiently close to optimal to be a reasonable performance
trade-off. According to exemplary embodiments, this reduction is performed, as indicated
in step 304 in Figure 3, by next applying a windowing function to the i coefficients which
were generated as a result of the IFT. An example of such a windowing function is shown
as function 502. The windowing function 502, when multiplied with the i coefficients 500,
has the effect of both selecting a subset of the 1 coefficients and scaling those coefficients
that tapers down the ringing of the i coefficients and generates a finite, final set of filter

coefficients. In this example, the windowing function 502 can be expressed as:
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@, (n) =

which is similar to a Kaiser window but with the extra parameter S where the parameters
are N=128, o=1.3 and f=1.5. It will be appreciated by those skilled in the art that
the windowing function 502 shown in Figure 5 and defined above is purely exemplary and
that other windowing functions could be used instead.

The final set of filter coefficients in this example provides for a digital filter having
the filter response shown by the function 402 in Figure 4. The windowing function 502
cuts off the ideal filter response 400 and defines both a transition region 404 and a ripple
region 406 (on both sides of the center frequency). The sharpness of the transition region
404 and the amplitude of the ripples in the ripple region 406, for example, are defined by
the windowing function 502, e.g., defining in this example a stop band of about -65 dB.
Depending upon the specific windowing function 502 which is applied in step 304, a
differently shaped transition region 404 may be defined in the digital filter’s response, as
well as a different amplitude/stop band in the ripple region 406. Once the final filter
coefficients are generated, these final filter coefficients are then substituted for the current
coefficients of the digital filter, e.g., associated with a frequency band or bands which were
previously used to transmit or receive information signals, at step 306. Various techniques
for performing this substitution and handling the corresponding transition period are

discussed in more detail below.
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A base station 200 which implements these embodiments may use only one
windowing function 502 to determine the filter coefficients for all potential filter
bandwidths. Alternatively, a base station may use more than one windowing function 502
to determine its filter coefficients using, for example, the technique shown in Figure 3. If a
plurality of windowing functions is used, then the windowing function 502 can be selected
as a function of the particular bandwidth which has been selected for transmission and/or
reception. For example, a first windowing function 502 could be selected and used in the
generation of the filter coefficients if the filters were intended to pass signal energy in the
2-5 MHz bandwidth region, a second windowing function 502 could be selected and used
in the generation of the filter coefficients if the filters were intended to pass signal energy
in the 5-10 MHz bandwidth region and a first windowing function 502 could be selected
and used in the generation of the filter coefficients if the filters were intended to pass
signal energy in the 10-20 MHz region, each of the first, second and third windowing
functions being different from one another. Selection of one or more windowing functions
502 for usage in a given base station can be based on a number of filter functionality
factors including passband criteria, ¢.g., a relatively flat passband, transition band criteria,
stopband criteria, ¢.g., amount of rejection.

Although not shown in Figures 4 and 5, a similar process can be applied to
generate real FIR filter coefficients for the second sub-band of interest in this example, i.e.,
from +15 to +35 MHz. For that case, the process would instead begin with an ideal filter
characteristic spanning -10 to +10 MHz, and then for example apply the steps illustrated in
Figure 3. The resulting filter response could then be shifted up to be centered at +25 MHz
using a digital tuner (not shown). The filters can be realized using real FIR coefficients for
cases where the spectrum being operated on by the filter digital signal processing is

symmetrical for each single sub-band case. This approach may lack some flexibility (i.e.,
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as it requires a digital tuner for each sub-band) but has the advantage that the FIR filter
coefficients are real, implying lower computational complexity and that it may be possible
to use lower sampling rates for each of the sub-bands.

Another approach is to generate the digital filter(s) using complex FIR coefficients,
as mentioned briefly above. The FIR filter is complex in the case where the spectrum
being operated on by the filter digital signal processing is in general not symmetrical for
the multiple sub-band case. Using complex FIR coefficients, it becomes possible to deal
with both of the exemplary sub-bands described above at the same time without using any
digital tuning. Figures 6 and 7 illustrate this process using the afore-described exemplary
sub-bands of -45 to -5 MHz and +15 to +35 MHz, and again performing the steps
illustrated in Figure 3 for both sub-bands. Thus, two ideal brickwall filter response 600
and 602 are determined as illustrated in Figure 6. An IFFT is performed on the filter
responses 600 and 602 to generate i coefficients 704 and q coefficients 706 as seen in
Figure 7. A windowing function 702 is applied to the i coefficients 704 and the q
coefficients 706, to generate a final set of filter coefficients that provides the filter
response, in this example, illustrated as function 604 in Figure 6.

Among other advantages and benefits, embodiments enable the flexible usage of
spectrum by matching the digital filtering of a base station to the spectrum that is available
for use in a way that is straightforward to control. Although these embodiments are
described with respect to base stations, such digital filtering techniques can also be applied
to other radio devices, ¢.g., user equipments (UEs), which devices are generically referred
to herein as “communication nodes”.

Embodiments also enable a rapid change in the spectrum being used by a
communication node to transmit or receive signals, e.g., as quickly as the time period

associated with the impulse response of the filter (~1 microsecond for the previous
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examples). Thus it is envisioned that, for example, a base station could switch its
transmit/receive frequency band as frequently as every time slot associated with its air
interface access methodology. Thus, for example, the method illustrated in Figure 3 can
be used to generate a first set (or sets) of filter coefficients for a first frequency band (or
bands) in a first timeslot and then to generate a second set (or sets) of filter coefficients for
a second frequency band (or bands) during a second, subsequent timeslot. In LTE, for
example, each timeslot is Ims. Such rapid changes, however, raise issues relating to the
transition periods during which the filter coefficients are being changes in the presence of
substantially continuous signal energy being transmitted or received by the filters.

For example, changing all of the filter coefficients associated with a digital transmit
filter at the same time will create a discontinuity that may result in out-of-band emissions
which violate standardized filtering requirements. Thus, the transition from one spectrum
utilization state to the next for filters according to some embodiments can be controlled to
avoid this problem by changing the filter coefficients more gradually. For example,
suppose that a first set of filter coefficients {cl1, c2, c3...cn}, e.g., associated with a 5 MHz
bandwidth, is being replaced by a second, different set of filter coefficients {d1, d2,
d3...dn} associated with a 10 MHz bandwidth. According to one embodiment, a filter
coefficient switching unit (e.g., implemented in hardware) could switch d1 for c1 after
processing a first sample during a transition period, d2 for ¢2 after processing a second,
subsequent sample during the transition period, etc., until all of the first set of coefficients
has been swapped out for a corresponding coefficient in the second set. More generally,
subsets of the first set of coefficients can be swapped out for corresponding subsets in the
second set of coefficients during a transition period in a manner which is intended to avoid

discontinuities which result in unacceptable out-of —band emissions.
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Another technique which can be used to ease the transition between filters is to
provide dummy data (zeroed samples) to the filter during the transition period while the
coefficients are being swapped. For example, a number of zeroed samples equal to one
less than the number of filter coefficients in the FIR filter is transmitted by the base station
during the transition period and the old FIR filter coefficients are replaced during this time
period, e.g., one by one with the new FIR filter coefficients, as the filtering process
proceeds through the zeroed samples.

As mentioned above, the transmit processing techniques described herein may be
used for various radio communication systems such as Code Division Multiple Access
(CDMA) systems, Time Division Multiple Access (TDMA) systems, Frequency Division
Multiple Access (FDMA) systems, Orthogonal FDMA (OFDMA) systems, Single-Carrier
FDMA (SC-FDMA) systems, etc. The transmitter may, for example, be disposed within a
radio base station, NodeB, eNodeB, or the like, to transmit information signals on a
downlink radio channel and to receive information signals on an uplink radio channel.
Alternatively, the transmitter may, for example, be disposed in a mobile unit, terminal
device, user equipment, or the like to transmit information signals on an uplink radio
channel and to receive information signals on a downlink radio channel. Regardless of the
particular type of communication system in which these exemplary embodiments are
presented, the transceiver device will typically include the components illustrated
generally in Figure 8.

Therein, the transmitter 800 includes at least one, and potentially a plurality of,
physical transmit antennas 802 (in this example numbering four, although more or fewer
than four transmit antennas can be used). The physical transmit antennas 802 are
connected to a processor 806 via receive (RX)/transmit (TX) chain elements 804 which

can include one or more of modulators, filters, upconverters, downconverters, power
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amplifiers, etc. Such filters can be digital filters which are implemented in a selectively
variable manner as described above to pass signal energy in changeable bands, ¢.g., from
timeslot to timeslot. Processor(s) 806, in conjunction with memory device(s) 808 and
RX/TX chain elements 804 (and potentially other devices not shown) can operate to
perform the filtering processes discussed above with respect to Figure 3, e.g., by way of
software stored therein, additional hardware or some combination of software and
hardware. Thus, it will be apparent that exemplary embodiments also relate to software,
e.g., program code or instructions which are stored on a computer-readable medium and
which, when read by a computer, processor or the like, perform certain steps associated
with transmitting information signals.

The foregoing description of exemplary embodiments provides illustration and
description, but it is not intended to be exhaustive or to limit the invention to the precise
form disclosed. Modifications and variations are possible in light of the above teachings
or may be acquired from practice of the invention. The following claims and their

equivalents define the scope of the invention.
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CLAIMS

1. A method for modifying coefficients of a digital filter in a communication node,
the method comprising;:

determining an ideal filter function for at least one frequency band;

performing an inverse Fourier Transform on the ideal filter function to generate
initial coefficients;

multiplying the initial coefficients by a windowing function to generate final filter
cocfficients; and

substituting said final filter coefficients for previous coefficients of said digital

filter.

2. The method of claim 1, wherein said windowing function operates to:
select a subset of said initial filter coefficients; and
scale an amplitude of said selected subset of said initial filter coefficients, to

generate said final filter coefficients.

3. The method of claim 1, wherein the steps of determining, performing, multiplying
and substituting are repeated when another frequency band, different than said at least one

frequency band, is to be processed by said digital filter.

4. The method of claim 3, wherein said coefficients of said digital filter are modified
from one timeslot to a next time slot, wherein said communication node can transmit or

receive information signals in said at least one frequency band in said one timeslot and can
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transmit or receive information signals in said another frequency band in said next

timeslot.

5. The method of claim 1, wherein the step of substituting further comprises:

gradually replacing said previous coefficients with said final filter coefficients.

6. The method of claim 5, further comprising:
replacing one of said previous coefficients with one of said final filter coefficients

per signal sample being processed.

7. The method of claim 6, wherein said signal sample being processed is one of a
plurality of zeroed signal samples which are processed through said digital filter during a
transition period between using said previous coefficients and said final filter coefficients

in said digital filter.

8. The method of claim 1, wherein said digital filter is disposed in a transmit chain in

said communication node.

9. The method of claim 1, wherein said digital filter is disposed in a receive chain in

said communication node.

10. A communication node comprising:
a processor configured to generate radio signals for transmission and to process
received radio signals; and

a plurality of receive/transmit chain elements configured to process said radio
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signals including at least one digital filter having a variable set of filter coefficients,
wherein said processor is further configured to modify said variable set of filter
coefficients by determining an ideal filter function for at least one frequency band
associated with said radio signals, performing an inverse Fourier Transform on the ideal
filter function to generate initial coefficients, multiplying the initial coefficients by a
windowing function to generate final filter coefficients, and substituting said final filter

coefficients for previous coefficients of said at least one digital filter.

11.  The communication node of claim 10, wherein processor uses windowing function
to select a subset of said initial filter coefficients, and scale an amplitude of said selected

subset of said initial filter coefficients, to generate said final filter coefficients.

12.  The communication node of claim 10, wherein processor is further configured to
repeat the determining, performing, multiplying and substituting when another frequency
band, different than said at least one frequency band, is to be processed by the at least one

digital filter.

13.  The communication node of claim 12, wherein said coefficients of said digital filter
are modified from one timeslot to a next time slot by said processor, wherein said
communication node can transmit or receive information signals in said at least one
frequency band in said one timeslot and can transmit or receive information signals in said

another frequency band in said next timeslot.
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14.  The communication node of claim 10, wherein processor is further configured to
perform the substituting by gradually replacing said previous coefficients with said final

filter coefficients.

15.  The communication node of claim 14, wherein said processor is further configured
to replace one of said previous coefficients with one of said final filter coefficients per

signal sample being processed.

16.  The communication node of claim 15, wherein said signal sample being processed
is one of a plurality of zeroed signal samples which are processed through said digital filter
during a transition period between using said previous coefficients and said final filter

coefficients in said digital filter.

17.  The communication node of claim 10, wherein said digital filter is disposed in a

transmit chain in said communication node.

18.  The communication node of claim 10, wherein said digital filter is disposed in a

receive chain in said communication node.



WO 2012/153221 PCT/IB2012/052088
1/8

103

CORE
NETWORK

m< / 1?70
eNODEB eNODEB eNODEB

N AN Py SN N . N0t
CELL }{ CELL] CELL CELL @@ CELL
108 102 102 02 102 108 108

MS

104~




WO 2012/153221 PCT/IB2012/052088
2/8




WO 2012/153221 PCT/IB2012/052088
3/8

JO7

DETERMINE IDEAL FILTER FUNCTION FOR /
FREQUENCY BAND(S) OF INTEREST

J0E

PERFORM INVERSE FOURIER TRANSFORM ON j
IDEAL FILTER FONCTION (S) TO GENERATE
INITIAL COEFFICIENTS

S04

MULTIPLY INITIAL COEFFICIENTS BY /

WINDOWING FUNCTION TO GENERATE
FINAL FILTER COEFHICIENTS

706

SUBSTITUTE FINAL FILTER COEFFICIENTS ,,)
FOR CURRENT COEFFICIENTS

?,}43




PCT/IB2012/052088

WO 2012/153221

4/8

0%

Oy 0c

(ZHIN) Abuanbal4

0c 0

1 0

0t~

091~

Ovi-

0Zt-

Mo

- 001~

—
—
Lo

08-

09-

Ov-

907

0c¢-

| A S S o S R ]

o srn, sone s st e, o4

7/ 4

(gp) esuodsay Jo)id




PCT/IB2012/052088

WO 2012/153221

5/8

X2pU]

09 417 0¢ 0

SJUBDIBOD |
MOPUIA —e—

\

0%

SJUDIDIYBO0D) |28y pUR MOPUIM IS}

S0~

50

01

apnuubep




PCT/IB2012/052088

WO 2012/153221

6/8

(ZHIN) Aouanbal
05 o 0t 0z 0L O 0I- 0z 0¢-  Ov- 0§
: : m —t 09T~
M M M "
| | m m ovT-
m m m —t 02T~
! ! | |
| | | e
c e L e
WAL AWV Bl
W ] M T
w w - -t O
| e 1o
N N w m m
| AT SR AU | V%% e sl o s o s s o i o s o s 5 S, ...............,,.....M_\ O,
- ~
/ ssuodsay Aousnbaig 4oy S
g9--"" T T e 009

(ap) ssuodsay 4o}




PCT/IB2012/052088

WO 2012/153221

7/8

£

XSpu]
09 ov

SIUBDIYB0I Drereer
SWRDB0D | ——
MOPUIM—e—

G0 —-

S1UDDIR07) Xa|dW0?) pue MOPUIM 33|14

apnyuubepy

01




WO 2012/153221
8/8

14

PCT/IB2012/052088

A 800

j@
RX / TX CHAIN ELEMENTS L
T 806
gy
PROCESSOR(S) -
I j&ﬁ
MEMORY DEVICE(S) —

ﬁ;/.c?




INTERNATIONAL SEARCH REPORT

International application No

PCT/IB2012/052088

A. CLASSIFICATION OF SUBJECT MATTER

INV. HO3H17/02
ADD.

According to International Patent Classification (IPC) or to both national classification and IPG

B. FIELDS SEARCHED

HO3H

Minimum documentation searched (classification system followed by classification symbols)

Documentation searched other than minimum documentation to the extent that such documents are included in the fields searched

EPO-Internal, WPI Data

Electronic data base consulted during the international search (name of data base and, where practicable, search terms used)

C. DOCUMENTS CONSIDERED TO BE RELEVANT

digital filters",

XP002683189,
Retrieved from the Internet:

Tter/
[retrieved on 2012-09-10]
the whole document

March 1999 (1999-03), pages 1-5,

URL:http://paulbourke.net/miscellaneous/fi

Category* | Citation of document, with indication, where appropriate, of the relevant passages Relevant to claim No.
Y WO 00725434 Al (ERICSSON TELEFON AB L M 1-18

[SE]; ANDRE TORE [SE]; TORSTENSSON UNO

[SE]) 4 May 2000 (2000-05-04)

page 4, lines 10-34

page 7, line 11 - page 8, line 7

figure 2
Y Paul Bourke: "Fourier method of designing 1-18

_/__

Further documents are listed in the continuation of Box C.

See patent family annex.

* Special categories of cited documents :

"A" document defining the general state of the art which is not considered
to be of particular relevance

"E" earlier application or patent but published on or after the international
filing date

"L" document which may throw doubts on priority claim(s) or which is
cited to establish the publication date of another citation or other
special reason (as specified)

"Q" document referring to an oral disclosure, use, exhibition or other
means

"P" document published prior to the international filing date but later than
the priority date claimed

"T" later document published after the international filing date or priority
date and not in conflict with the application but cited to understand
the principle or theory underlying the invention

"X" document of particular relevance; the claimed invention cannot be
considered novel or cannot be considered to involve an inventive
step when the document is taken alone

"Y" document of particular relevance; the claimed invention cannot be
considered to involve an inventive step when the document is
combined with one or more other such documents, such combination
being obvious to a person skilled in the art

"&" document member of the same patent family

Date of the actual completion of the international search

11 September 2012

Date of mailing of the international search report

27/09/2012

Name and mailing address of the ISA/

European Patent Office, P.B. 5818 Patentlaan 2
NL - 2280 HV Rijswik

Tel. (+31-70) 340-2040,

Fax: (+31-70) 340-3016

Authorized officer

De La Pinta, Luis

Form PCT/ISA/210 (second sheet) (April 2005)

page 1 of 2




INTERNATIONAL SEARCH REPORT

International application No

CO LTD [JP] PANASONIC CORP [JP])
23 July 2008 (2008-07-23)
paragraph [0037]; figure 2

PCT/1B2012/052088
C(Continuation). DOCUMENTS CONSIDERED TO BE RELEVANT
Category* | Citation of document, with indication, where appropriate, of the relevant passages Relevant to claim No.
A US 2007/052556 Al (JANSSEN ERWIN [DE] ET 5-7,
AL) 8 March 2007 (2007-03-08) 14-16
paragraphs [0046] - [0063]; figure 7
A US 6 393 450 B1 (WHIKEHART J WILLIAM [US]) 5-7,
21 May 2002 (2002-05-21) 14-16
column 1, lines 16-23
column 3, lines 4-45
figures
A US 20047096014 Al (HENDRIX JON [US] ET AL) 1,10
20 May 2004 (2004-05-20)
paragraphs [0017] - [0020]; figures 1,2
A US 2006/053185 Al (SUREKA ANIRUDH K [US] 1,10
SUREKA ANIRUDH KAILASH [US])
9 March 2006 (2006-03-09)
paragraphs [0026] - [0034]; figure 10
A EP 1 947 776 Al (MATSUSHITA ELECTRIC IND 1,10

Form PCT/ISA/210 (continuation of second sheet) (April 2005)

page 2 of 2




INTERNATIONAL SEARCH REPORT

Information on patent family members

International application No

PCT/1B2012/052088
Patent document Publication Patent family Publication
cited in search report date member(s) date
WO 0025434 Al 04-05-2000 AU 767997 B2 27-11-2003
AU 1425100 A 15-05-2000
CN 1324518 A 28-11-2001
DE 69936530 T2 13-03-2008
DK 1123582 T3 05-11-2007
EP 1123582 Al 16-08-2001
SE 512979 C2 12-06-2000
SE 9803642 A 24-04-2000
us 7010277 Bl 07-03-2006
WO 0025434 Al 04-05-2000
US 2007052556 Al 08-03-2007  CN 1774862 A 17-05-2006
EP 1618659 A2 25-01-2006
JP 2006526328 A 16-11-2006
KR 20060006927 A 20-01-2006
US 2007052556 Al 08-03-2007
WO 2004093316 A2 28-10-2004
US 6393450 Bl 21-05-2002 DE 60026943 T2 21-12-2006
EP 1079523 A2 28-02-2001
JP 2001119270 A 27-04-2001
us 6393450 Bl 21-05-2002
US 2004096014 Al 20-05-2004 AU 2003268370 Al 03-06-2004
CN 1703835 A 30-11-2005
JP 4235175 B2 11-03-2009
JP 2006506850 A 23-02-2006
KR 20050086615 A 30-08-2005
US 2004096014 Al 20-05-2004
WO 2004045095 Al 27-05-2004
US 2006053185 Al 09-03-2006 EP 1784744 A2 16-05-2007
US 2006053185 Al 09-03-2006
WO 2006028722 A2 16-03-2006
EP 1947776 Al 23-07-2008 CN 101322320 A 10-12-2008
EP 1947776 Al 23-07-2008
JP 4563310 B2 13-10-2010
JP 2007158545 A 21-06-2007
US 2009116594 Al 07-05-2009
WO 2007063745 Al 07-06-2007

Form PCT/ISA/210 (patent family annex) (April 2005)




	Page 1 - front-page
	Page 2 - front-page
	Page 3 - description
	Page 4 - description
	Page 5 - description
	Page 6 - description
	Page 7 - description
	Page 8 - description
	Page 9 - description
	Page 10 - description
	Page 11 - description
	Page 12 - description
	Page 13 - description
	Page 14 - description
	Page 15 - description
	Page 16 - description
	Page 17 - description
	Page 18 - description
	Page 19 - description
	Page 20 - description
	Page 21 - claims
	Page 22 - claims
	Page 23 - claims
	Page 24 - claims
	Page 25 - drawings
	Page 26 - drawings
	Page 27 - drawings
	Page 28 - drawings
	Page 29 - drawings
	Page 30 - drawings
	Page 31 - drawings
	Page 32 - drawings
	Page 33 - wo-search-report
	Page 34 - wo-search-report
	Page 35 - wo-search-report

