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" ODD-TRANSFORM FAST CONVOLUTION

FIELD OF THE INVENTION

The present invention. relates generally to the problem of filtering, decimation or
interpolation and frequency conversion in the digital domain, and more particularly to
the use of a modified fast convolution algorithm in wideband multichannel receiver,
channelization, and transmitter, ‘de-channelization, structures of a radio
communication system. '

RELATED ART

In radio b'ase station applications for oellulat Land Mobile Radio (LMR), satellite,

wireless local area networks (WLAN’s) and other communlcatlon systems, many
recewmg and transmlttmg channels are handled simultaneously. In the future this
will also become the situation for the termmals i.e. mobile telephones There exist
channehzatlon and de-channehzatuon structures in the receiver and transmitter,
respectwely, in these rad;o systems Channelization and de-channelization can be
defined as the filtering, decimation/interpolation and the frequency oonversnon of the
signals transmitted and received. '

‘The traditional receiver architecture as seen in FIG. 1 can be explained in terms of
the Radio Frequency (RF) signal _being received _by_the':'antenna 105 and then

downconverted to an intermediate freque'ncy (IF) by an RF front end 110. The RF
front end 110 consists of components such as Low Nonse Amphflers (LNA’s) filters

~and frequency conversion circuits. The desired channel is then extracted by the

receiver channelizer 120. The oh_an_ne_llzer 120 also consists of LNA’s, frequency
conversion circuits and filters.

The desired channel is then processed at baseband by the RX baseband
processing unit 130 to produce the received digital data stream. Today baseband
processing usually consists of anatog-to-digitai conversion, digital filtering,
decimation, equalization, demodulation, channel decoding, de-interleaving, data
decoding, timing extractio_n etc. |
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The traditional transmitter architecture in FIG. 1: is the dual of the receiver
architecture. The transmiited data is first processed by the TX baseband processing
unit 140 which consists of data coding, mterleavmg, channel codmg, modulation,
interpolation filtering, digital-to-analog conversion etc. The baseband channel is then
converted to an IF frequency via the transmit.de-channelizer 150. The transmit de-
channelizer 150 consists of filters, frequency conversion .circuits and low power

- amplifiers. The IF signal is then converted to RF and amplified by the RF front end

160 which consists of frequency conversion -circuits, filiers, and a high power
amplifier. The signal is then transmitted by the antenna 165.

Figure 1 illustrates the traditional architecture for a single channel receiver and
transmitter as used in a mobile terminal (i.e. mobile phone) application. In the case
ofa basestatron multrple channels are processed m a similar way. On the receiver
end the path will split at some pomt to form multrple paths for each channel being
processed. On the transmitter end the channels will be processed individually and
then they will be combined at some pomt to form a multrchannel signal. The point of

the spllt and combmatron varies, and therefore a vanety of basestatron receiver and .

transmitter archrtectures can be created More :mportantly, though, the traditional
analog and digital interface is currently somewhere between the channe_lrzer and
baseband processing blocks. '

The analog chah'rtelizer[dechannelizer is complex to design and manufacture, and
therefore costly. Therefore, in order to provide a cheaper and more easily produced
channelizer/de-channelizer, the future analog and digital interface will lie, instead,
somewhere between the RF front end and charinelizer blocks. Future radio receiver

and transmitter structures of this type are called a variety of names, including

multistandard radio, wideband digital t_Uner's, or wideband radio and software
defined radio, and they all require a digital channelizerl_de-charrnelizer.

Efficrent digital channehzer/de-channellzer structures consisting of filtering,
decimation/i nterpotatlon and frequency conversron are very important in terms of
power consumptron and die area on a per ‘channel basis. With one of the main
goals being to integrate as many channels into a srngle Integrated Circuit (IC) as
possible there are several known ways to achieve digital channelization/de-
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channelization. In the following examples it is assumed that a wideband signal is

- sampled by an ADC. The wideband signal is centered at an Intermediate Frequency

(IF) and typically consists of many Frequency Division Multiplexed. (FDM) channels.

The most obvious way is shown in Figure 2. This receiver architecture mimics the
functions of a traditional analog channelizer with In-phase and Quadrature(IQ)
frequency conversion using e.g. sin/cos generators, decimating and filtering on a
per-channel basis. The bulk of the decimation filtering can be done with

computationally cheap CIC filters. Integrated circuits containing this architecture are

readily available from several manufacturers. The dual of this architecture is also

‘possible for the transmitter.

The IQ channelizer is flexible in that it can handle many standards simultaneously
and that the channels can be placed arbitrarily. lts main drawback is the need for an
IQ frequency conversion at a high input sampling frequency and subsequent

~ decimation filters for each channel. This means that the die area and power

consumption is relatively high per channel.

Another channelizer possibility is to build a decimated filter bank in the feoeiver, as
shown in Figure 3. This method shares a common polyphase filter between many,
or all, channels. The hardware cost for this structure is small since it is split between
many channels, and good filtering can be achieved. Filter banks are also good for
use in transmitter de-channelizers since they both interpolate and add the channels
together. An example of this is illustrated in WO 9528045 “Wideband FFT
Channelizer”. -

Many satellite transponders are also built upon this principle. Although these filter
banks can be reconfigured to fit different standards, it is still .difficult to

~ accommodate multiple channel spacings at the same time. The decimated filter

bank has a very low cost per channel, but only if all or the majority of channels are
used. This architecture is also very inflexible since the channels have to lie on a
fixed frequency grid and only one channel spacing is possible. Multiple standards
make the filter bank concept require multiple sampling rates, which means multiple
architectures, including the ADC and channelizer, are required fdr simultaneous

- multiple standards.
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A variation on the structure of the decimated filter bank, called a subsampled filter
bank, can lower the computational cost at the expense of flexibility. For example,
requirements for adaptive channel allocation, irregular channel -arrangements and
frequency hopping precludes using subsampled filter banks, since all channels must
be available at the same time. |

The third main channelization technique is based oh the fast convolution scheme of
the overlap-add (OLA) or overlap-save (OLS) type. Fast convolution is a means of
using cyclic convolution to exactly perform linear convolution, i.e. Finite Impulse
Response' (FIR) filtering. A state of the art fast convolution - algorithm is shown

‘conceptually in Figure 4. The input data is divided into overlapping blocks in the

Block Generator. These blocks are discrete Fourier-transformed in the DFT
(Discrete Fourier Transform) and subsequently' multiplied “point-by-point with a

filter response in the frequency domain. This filter response can be obtained by

discrete Fourier-transforming the impulse response of a filter. The blocks are then
transformed back to the discrete time domain 'by the Inverse DFT (IDFT) and
added together in the Block Combiner. The advantage of this techhique is the lower
coinputational requirement as compared to implementing the traditional form of
linear convolution.

However, it is possible to modify the basic fast t:onv_olution algorithm such that it is
possible to simultaneously decimate/interpolate and frequency convert, at the
expense of then only approximately performing linear convolution. Iif the standard
fast convolution algorithm is modified so that it includes frequency shifting and
decimation/interpolation it can be used for channelization and dechannelization.
Generally, one of the transforms is much smaller than the other when this type of
modified fast convolution algorithm (“MFC”) is used. This reflects that the channels
are narrowband compared to the digitized spectrum. Figure 5 shows conceptually
how a modified fast convolution algorithm of the overlap-save type works in the
function of a channelizer. The modifications also reduce the computational
complexity. The stand-alone modified fast convolution algorithm, as illustrated in “A
Flexible On-board Demultiplexer/Demodulator”, Proceedings of the 12th AIAA
International Communication Satellite Systems Conference, 1988, pp. 299-303, is
claimed to be a very computationally efficient technique for systems containing a
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mixture of carrier bandwidths, although the technique discussed here is limited to
satellite systems.

The stand-aloné modified fast convolution algorithm in the prior art performs all the

filtering alone, without any additional signal processing. This method leads to

various delays. However, delays are an inherent part of satellite systems, due to the
time to transmit to and from the satellite. Thus, delays due to the filtering method
effects the system proportionately less than if the stand-alone modified fast

‘convolution algorithm were to be used in a radio, e.g. cellular, system. In most radio

systems the delay becomes a much more crucial factor which should be reduced as

"much as possible.

The stand-alone modified fast convolution algorithm, applied to the receiver

channelizer, chops the incoming data signal into blocks whose size depends on the
percentage of overlap (%overlap) and the length of the Discrete Fourier Transform

: (DF‘T). The DFT is subsequently performed. The truncated filter response, thatis the

number of filter coefficients (Nooetiicients) is less than the length of the DFT (Norr), is
implemented directly in the frequency domain. This is _aocomplished by multiplying

- the filter coefficients with the selected output bins of the DFT. The result is then

processed by an Inverse Discrete Fourier transform (IDFT) of equal length to the
truncated filter as a means to recover the time domain samples of the desired
channel. The blocks are then overlapped, depending on the %overlap, and
combined. The combination is either a process of adding the overlapped section,
overlap and add, or discarding the overlapped section, overlap and save. Note that
overlap/add and overlap/save can be considered two extremes, and there are
techniques known in the art that lie in-between these two.

The truncation of the frequency response in the stand-alone modified fast
convolution algorithm distinguishes it from the standard fast convolution approach. It
causes the circular  convolution ‘algorithm to now only. approximate linear
convoluﬁon, although with carefully chosen coefficients the error can be kept small.
Truncation of the frequency response also performs decimation by a factor of
(Neosmicients/NpDFT), @and the frequency conversion is completed by centering the
truncated filter coefficients on the wanted channel.
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The truncated frequency response also causes a dramatic reduction in the

computational complexity in the channel specific parts of the algorithm, that is
everything but the DFT. The number of multiplications needed to implement the
frequency filter and the size of the IDFT are reduced by approximately a factor of
(Neosticients/Norr). The stand-alone modified fast convolution-algorithm can also be

applied to the transmitter de-cha_nnelizer, containing all the same atiributes. |

Other reductions in compl'exity that can be applied to standard fast convolution, can
also be applied here to the stand-alone modified fast convolution algorithm. For
example the DFT is a critical block in the operation. For efficiency reasons it is

| usually implemented in the form of a Fast Fourier Transform (FFT). Additionally, two

real data blocks can be processed at the same time in one complex DFT processor.
Some extra adders and memory are then needed for post-processing. This is more
efficient than using two dedicated real DFTs. | | |

' Computational savings can also be made in the DFTs through the use of pruning,

since only a part of the D_Fl' outputs need to be calculated. Pruning refers to the
process of cutting away branches in the DFT that do not affect the output. The
output points that are not needed are never computed.

A computational reduction can also be achieved if the oomplex multiplication of the
filter frequency response is rep‘la_ced by real multiplication and a subsequent circular

- shift of the IDFT output block of data before it is combined to form the time domain

samples of the desired channel. The amount of circular shift depends only on the
%overlap and the length of the IDFT.

There is still a problem with the above-identified systemns, especially in future
systems involving the reception and transmission of many channels simultaneously.
As seen above, the choice of a digital channelizer, employed from a few channels
up to a large number of channels, is veiy dependant upon the target radio
communication system or systems. Invariably a trade-off between computational
cost and fiexibility based on the radio systems fequi_rements will make the ultimate
decision of which wideband channelizer al_gorithm to choose. There is still room to
improve these channelizer/dechannelizer structures in terms of computational cost
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and flexibility so that they may be better suited for use in systems with many

channels.

A solution to the above-described problems was introduced in the Swedish patent
application SE9802059-7 “Digital Channeliser and De-Channeliser”, R. Hellberg, the
entirety of which is incorporated by reference herein. In that patent application an
improved modified fast convolution algorithm is described which efficiently handles
the problems associated with conventional channelizers/de-channelizers (i.e., the
problems with computational cost, flexibility and acceptable delay with respect to

designing those systems to handle muiltiple channels simultaneously).

The improved modified fast convolution aigorithm as described in SE9802059-7

- improves upon the stand-alone modified fast convolution when applied to radio

communication systems, see Figure 2. It splits the necessary filtering between the
MFC algorithm and additional channel filtering, thereby improving the  power
consumption, die area and cdmputationai compIéXity when compare to the prior art
stand-alone MFC. lf is also a very flexible algorithm in terms of designihg it for
combination of different systems parameters', sampling frequency, channel
bandwidth, channel separation and bit-rate. A further advantage in SE9802059-7 is

that the MFC part of the algorithm processes smaller-sized blocks and therefore

produces smaller delays, delays which become acceptable for land-based radio
communication systems. The improved MFC algorithm is considered to be very
suitable for e.g. channelization/de-channelization in a wide variety of radio
communication syste}ns. It is therefore a good choice for future hardware platforms
that will support multiple standards for more than a few channels activated at any
one time.

The present invention in this application is applicable to both the stand-alone MFC
as found in “A Flexible On-Board Demultiplexer/Demodulator”, discussed above,
and the improved MFC as found in SE9802059-7. When we use “modified fast
convolution” (“MFC”) in the remainder of the application we use it to mean either a
stand-alone MFC or the improved MFC disclosed in SE9802059-7.

In the modified fast convolution algorithm as used in state of the art channelizers,
the number of points in the DFT and IDFT (computed by the Fast Fourier
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Transform, FFT, and the Inverse Fast Fourier Transform, IFFT, respectively) are
powers of two. Since the lengths of the input and output transforms are both powers
of two, overlaps of 50%, 75&, 25% (generally k*1/2") are possible. The decimation
and interpolation ratios are limited to powérs of two (NFFr/NlFFr) The successive
blocks are, in the state of the art algorithm, multlplled in the frequency domain with
identical fulter responses H(K).

Since the transform sizes are powers of two, many parameters in the state-of-the-
art modified fast convolution algorithm are fixed to the values achievable with this
set of transform sizes. Thus, a problem here is that one would like to have more

| flexibility when it comes to the selection of the decimation ratio and overlap. For

example, if the input FFT is 1024 points and the output IFFT is 32 points, the

decimation ratio is 1024/32, i.e. 32. The overlap can be 50%, 75%, 25%, down to |

k*1/32, where “K” is an integer. If the IFFT size is instead chosen to be 64, the
decimation ratio is 16 and the smallest grandlarity is cons'ider:e_d:' to ohe bin,
therefore the granularity _o.f'_ the overlap is 1/64 of the block length (possible
overlaps k*1/64). | | o

SUMMARY OF THE INVENTION

The present invention relates generally to the p'roblem of filtering, decimation or
interpolation and frequency conversion in the digital doniain, to the use of a modified
fast convolution algorithni in wideband multichannel re'deiver, channelization, and
transmitter, de-channelization, structures of a raqio' communication system, and
more particularly to the problerhs discussed above. The means of solving these
problems according to the present invention are summarized in the folloWing.

It can be seen above that the modified fast convolution algorithm as used in the e.g.
channelization/de-channelization structures of SE98_02059-7 is limited because the
input and output transforms are both poweré of two. This limits the number of
possibilities in the decimation and interpolation ratios for channelization and de-
channelization, respectively. Because these transform sizes are limited to powers of
two, other parameters in the algorithm are then fixed to values achievable with this
set of transform sizes.
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Because transform sizes in the state of the art are powers of 2, it is not obvious to
see that it is possible to use transform sizes in either end that also has other
factors in them than two, like three or five. This works, withdut substantial
modifications to the algorithm, as long as both the input and output'transform have
factors in common to provide for the overlap. For example, a common factor of
four makes possible 50%, 75%' and 25% overlap, or a common factor of three
would make possible overiaps of 33% and 66%.

The expansion of the set to include transforms built with other factors than two
increases the applicability of the modified fast convolution algorithm to beyond that

‘of the state of the art and can be implemented with litle modification to the

algorithm except the change from power of two lengths of one of the transforms to
lengths containing also other factors. This expansion of the set of usable
transform lengths is. of course weicomed. However, since the large size of the
input and output transforms often has to be calculated in real time, this transform
in practice is limited to a length that is a power of two. This, togéther with the
requirement for having common factors in the input and output transform lengths,
makes the range of possible choices of transform size very limited. One would like
to have odd transform lengths on either end together with even length or power of
two lengths on the other end. One could have 1/3 or 3/11 or other unusual
overlaps with even length or'power of two lengths on either end.

The basic problem when using input and output transforms without common
divisors in the modified fast convolution algorithm is that no ovérlap fits both ends
at the same time. For example,_if the FFT size is 128 and the IFFT size is 27, the
input end would fit overlaps k*1/2" and the output end would like to have overlaps
of the kind k* 1/3". These are clearly incompatible.

The present invention makes it possible to use input and output transforms in the
modified fast convolution algorithm whose sizes contain factors other than powers
of two, e.g. three or five. This works, without substantial modifications to the
algorithm, as long as both the input and output transform have factors in common
to provide for the overlap. For exafnple, a common factor of four makes possible
50%, 75% and 25% overlap, or a common factor of three would make possible
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overlaps of 33% and 66%. In the preferred embodiment, othei' modifications will
be added to the invention which will extend the use of the modified fast
convolution algorithm to input and output transforms which have no common

factors.

Figure 6 shows the situations in which the present i'nve_ntion are used. Across the
top of the chart the MFC is divided into situations where the input and output
transforms either have a common factor (CF) or do not have a common factor (No
CF) in common with the overlap. On the left side of the chart are shown three
situations for the sizes of the transforms. In the first one both the input and output

‘transform sizes are a power of two. In the second one, one of the transforms is a

power of two while the other is a power of two further multiplied by some other
integer. In the third example both transform sizes can be any integer ny and n,
where both of them may either have or not have a common factor with the other.
The prior art examples of the modified fast convolution algorithm were Iim'ited.to
the case where the input and output transforms were. both powers of two, having
factors in common with each other. The present invention also works in the same
cases as the prior art, but it also extends the MFC to cases where the transform
sizes may be any size whatsoever, with or without factors in common.

Accordingly it is an object of the present invention to provide a method to increase
the flexibility when it comes to the decimation ratio and overtap in the modified fast

convolution aigorithm.

The invention can be described as consisting of essentially 3 steps. The first step is
to make sure that we use different ovérlapé on consecutive blocks that, on
average, give the same overiap on both the input and output ends. The second
step is to align the signal in consecutive blocks of time. The third step is then to
compensate for phase shifts due to frequency shifting.

The essence of the invention is that it decouples the input and output transform
lengths in the modified fast convolution algorithm from each other and from the
overlap. it makes it possible 10 use any transform length on the input together with
any transform length on the output and at the same time use any overlap. This
provides an enormous amount of freedom compared with the limitations of state of
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the art. Input and output sample rates can now be chosen with ‘much finer
resolution, and decimation and interpolation ratios need no longer be powers of

. two.

Although the invention has been summarized above, the method according to the
present invention is defined according to appended claim1. Vanous embodiments
are further defined in the dependent claims.

The present invenlion is not discussed in terms of any particular system. It is
particularly applicable to many radio base station applications in e.g. cellular, Land

-Mobile Network (LMR), satellite, wireless local area networks (WLAN's). However, it

is not limited to these systems and may, in general, be used in any system using the
modified fast convolution algorithm. In addition, it's use is not restricted to use in
basestations, but may also be used in e.g. future mobile terminals that are also

| capable of handllng multiple channels sxmultaneously

BRIEF DESCRIPTION OF THE DRAW_IN(i_

The present invention will now be described in more detail with reference to
preferred embodiments of the present invention, given only by way of example, and
illustrated in the accompanying drawings, in which:

FlG.1isa dlagram ofa tradltlonal radio transmitter and receiver architecture

' FIG.2isa diagram of a state of the art lQ-demodulatmg digltal receiver. .

FIG.3isa diagram of a state of 'the' art decimated filter bank.
FIG. 4 is a diagram of a state of the art fast convolution -algol'ithm.

FIG. 5 is a :diagram of a modified fast convolution algorithm of the overlap-save
type. | |

FIG. 6 illustrates the various combinations of input and output transform sizes
covered by the prior art and the present invention.

- FIG. 7 is an overview of the three basic steps of the present invention.
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FIG. 8 shows the phase of the frequency response and the corresponding delay of

the impulse response.

FIG. 9 illustrates the accumulated difference in non-overlapping parts of the input

“and output blocks.

FIG. 10 illustrates the frequency shifts of the modified fast convolution algorithm.

FIG. 11 illustrates a fully implemented system according to the present invention.

- DETAILED DESCRIPTION

The method according to the present invent_ibﬁ separates into three varieties: (1)

letting the input transform determine the overlap, (2) letting the output transform

- determine the overlap, or (3) choosing an overlap that is i_ndependent of both the

input and output block lengths. These solutions contain the same ingredients, as

- the i_nventive aspect is the same, but will look slightly different in their specific

implementations. Examples from the first two varieties will be included in the
following description of the solution steps.

' There are essentially 3 steps in the method of the present invention as shown in

Figure 7. The first step 710 is making sure that we use different overlaps on
consecutive blocks that, on average, give the same overlap as on the opposite
end of the algorithm. The second step 720 is to align the signal in consecutive
blocks of time. The third step 730 is then to compensate for phase shifts due to
frequency shifting. These steps will be described in further detail below.

The first step 710 is making sure that we use different overlaps on consecutive
blocks that, on average, give the same overlap as on the opposite end of the
algorithm. This is due to the fact that in order to be able to use transform lengths
without common divisors (i.e. GCD [ny, no)=1, “GCD” is “Greatest Common
Divisor”) we must first make sure that the input and output rates aré compatible
with the bandwidth of the input and output transforms, respectively.

If the overlap is denoted I/m, then in general m different overlaps will have to be
used on one or both ends of the algorithm. If § and m have a common factor, they
can both first be reduced by this factor. We can then create vectors of length m,
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representing the lengths of either the overlapping or the non-overlapping parts of
the blocks, that on average give the overlap I/m. The sequence of overlaps (or
non-overlaps) will repeat cyclically, although it is also possible to implement the
invention so that the overlaps come randomly, as long as the average on both
sides of the algorithm is the same. If m is a factor in the length of one of the
transforms, that end can have the same overlap for all blocks.

The first step 710 can be illustrated with an example where we assume that the
input transform has even length, the output transform has odd length and the
overlap is 50% on the input. The overlap on the output could then be separated

into two overlaps, one of odd length and one of even length, that are used

interleavingly on every other block .

As a second example we assume that the input transform is 128 points and the
output transform is 25 points. An overlap of 2/5 can then be achieved through e.g.
having the non-overlapping parts of the input 77,77,76, 77 and 77 samples long,
respectively. The average of these numbers iS 76.8, which divided by 128 gives
3/5 (overlap = 2/5). The overiap on the output would be 2/5 of 25, i.e. 10, for all
blocks.

In the second step 720 of the invention we align the signal in the consecutive

~ blocks in time. When using different overlaps the blocks’ starting points do not

come regularly, as would occur when the overlaps are the same. For example,
when using a 27-point IDFT together with an even DFT and 50% overlap, the time
between the first sample of the blocks on the output end could be 13 and 14
samples, respectively. This yields an average of 13.5.

| The time alignment is done by time-shifting the signal within the block so that it

compensates for the slight misalignment of the starting time of the respective
blocks. This can be done by muitiplying the DFT samples coming from different
blocks by sinusoids with different incremental phase shifts (the DFTs of the
different delays). An equivaleht, simpler and less computationally complex
approach would be to multiply the coefficients of the filter response in the
frequency domain, H(k), with the same incremental phase shift. This means that a
set of m filter responses, corresponding to the m different time shifts, is needed.
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A time shift of the impulse response of x samples in a block of length n is obtained

by multiplying with a complex ‘exponential, a sinusoid, over the frequency

response samples H(k), so that
Hasiay(K) = H(k)* &7

We see that x/n is a measurement of the delay as “part of the block length”. The
correspondence between the incr_emen_tal_ phase shift (-2pix/n in the equation) of
the frequency response and the delay of the impulse response is shown in Figure
8. Observe that a negative time shift of n/5 '(c_or'respo'nding to x/n = -1/5) looks like

.a positive time shift of 4n/5, since all shifts are cyclic within the block.

The time alignment is calculated via the difference between the relative starting
points for the blocks on the input and output ends of the algorithm, which is the
same as the accumulated difference between the input and output non-
overlapping parts. Figure 9 illustrates this cb_ncept. |

The increm'entall phase shift to the bins of block p (p>1) becomes

To(p) =Te() - 203 (2708 | = ranlg),

g=1 m na

where n; and n, are the lengths of the input and output transforms and nqip1(q) and
nop2(q), see 1190, 1195, respectively, Figure 10, are the lengths of the overlapping
parts'of the g-th input and output blocks, respectively. The time compensation
factor for block one, Tc( 1) can often be set to zero, but a certain time shift can
also be added equally to all blocks (by setting Tc(1) to a value other than zero) in
order to minimize the maximum absolute time shift.

The time alignment is implemented by multiplying the original frequency response,
H(K), with a sinusoid, €™ | so that for the filter response number p

Hp(k) = H(k) €T’k

An effort should be made to have a small accumulated difference in (non-)overlap,
the sum in the equation for Tc(p), through the design of the input and output
overlap vectors, while at the same time making the overlap as close as possible to
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I/m. This increases th‘_e,,e_[paximum length of the impu_lse response of the filter that

- can be implemented. -

In the example discussed above with a 27-point IDFT and 50% overlap we had
alternating times between the first sample_ of each block of 13 and 14 bins,
yielding and average of 13.5. We have to account for this extra half-sample
timeshift, and we would need a positive timeshift of half a sample (counted on the
output) on the blocks that come 13 samples _after the previous block. This would
make the apparent starting pbints of the signal in the blocké separated 13.5
samples (27/2), which is what we want. In practice this is achieved by having two
frequency responses with a difference in delay of half a sample. An incremental
phase shift of 2pi/27* 1/4 and 2pi/27*-1/4 per bin, respectively, for the two
frequency responses is thus required.

For the example with a 128 point input and 25 point output transform, one must
compensate for the five different starting points of the input blocks relative to the
output blocks. These differences are 0, +1/5, +2/5, -1/5, -2/5, sampled on the input
end. This calls for having five filters with different time shifts. These would be
implemented as five different incremental phase shifts in the frequency domain

‘with the values 2pi/128*0, 2pi/128*1/5, 2pi/128*2/5, 2pi/128*-1/5, 2pif128*-2/5

per bin, respective_ly.

Finally, the third step 730 of the method of the present invention is to compensate

~ for phase shifts due to frequency shifting. Flgure 10 illustrates two shifts, Shift #1

and Shift #2, possible in the delfled fast convolution algorithm as implemented in
a channelier/de-channelizer. In the modified fast convolution algorithm, when used
for channelization/dechannelization, a frequency shift, Shift #1, is included which
is performed by using a certain range of the frequency domain samples coming
from the DFT 1020 in a channelizer 1000 or by inserting the filtered DFT samples
at a certain place in the large IDFT of a dechannelizer. In the channelizer 1000
this can be viewed as if the lowest selected bin of the DFT 1020 is shifted down to
zero frequency, and in the dechannelizer as if the zero bin of the DFT is shifted up
to the lowest frequency of the channel.
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There is also the possibility of circularly shifting- 1040 the bins within the selected
range after the multiplication with the frequency response 1030. This is done in
order io shift the center frequency of the signal within the decimated frequency
range. This technique, described further in the pate'ni application US 9/128,062
“NCO Size Reduction” to Hellberg, the entirety of whic_h is hereby incorporated by
reference, depends on the pbssibility fo perform this_ Shift. Obsenre that Shift #1 in
the case of a channelizer 1000 is a negative frequency shift since the first bin of
the range of bins going into the multiplication with the frequéncy response is
shifted down to zero freque'ncy. | |

A shift of the bins in the frequency domain corresponds to a multiplication of the
time samples in a block of size n by a sinusoid, @™, where f is the frequency
shift (an integer) and t is the number of a sample in the block of size n. Over one
whole transform block, all sinusoids corresponding to different shifts in the
frequency domain retum to their initial pha’sé, However, if the blocks are
overlapping, they are patched together with the next block at an earlier point at
which the sinusoid in general will not have returned to the initial phase. This
means that we wil have a phase discontinuity between the blocks. A
compensation therefore has to be performed in order to align consecutive blocks
in phase to correct for phasé errors due to the 'freqtjency shifting in the frequency
domain.

The phase' compensétidn is done by calculating to which phase the modulating
sinusoid has moved during the non-o_verlapping pért pf the block and shift the
phase of the next block accordingly, by multiplying the whole block with a constant
phasor. After a certain number of blb_cks, in 'general' the same as the number of
different timeshif_ts, m, the phase has returned to its initial value.

The phase compensation can also be incorporated into the set of filter responses
by multiplying the elements of each filter response with a constant phasor, since
the number of different phase shifts that are needed generally is the same as the
number of different time shifts. In addition to being dependent on the length of the
accumulated non-overlapping parts of the previous blocks the phase
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compensation also de nds on the frequency shift, which means that an individual
enerally required for each channel in the channelizer.

set of filter responses
The-phase compensation for the p—th '(p>l) block is

Pe(p) = Pe()+ 273 m - nulg) 22 It

g=1
where n is the length of the transform, no(q) is the length of the overlapping part
of the g-th block and fsnn is the frequency shift. The phase compensation for the
first block, Pc(1), can be set to zero. The values of accumulated non-overlapping
parts times the frequency shift that are above n can be reduced modulo n, since
this number represents one full circle of the 'phaisor. The values of accumulated
non-overlapping parts themselves can of course also be reduced modulo n.

The phase compensation is performed by multiplying all elements in the time-
aligned filter response of block p, Hp(k), with the constant phasor &P 5o that
the phase compensated frequency response Hc,p(k) becomes:

Hop(k ) = Hy(k)*e"”®

The formula for the phase compensation is the same for both Shift #1-and Shift

-#2, but the lengths of the transforms are in general different and the accumulated
" " non-overlapping parts are in general also different and have to be calculated

separately.

If both frequency shifts are included, two phase compensations must be
calculated. They can be summed and incorporated into the same phase
compensation. The formula for phase compensation then becomes:

Pc(p) = Pc(l) + Zn[ (2 m— n.m(q)) s (i n:— n,,,(q))L_]

g=1

where the phase compensation for the first block also here is assumed to be zero.
In a dechannelizer, the shift associated with inserting the filtered DFT samples at
a certain place in the large IDFT is a positive shift, which must be remembered
when using the formula for phase compensation.
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For the example with-the non-overlapping parts of the input 77, 77, 76, 77 and 77
samples long, the accu_mulated vélue from the previous blocks is 77, 154, 230 and
307 for blocks 2 thréugh 5. Assuming only Shift #1 the phase compensation
would then become 0, 2pi*77/1 28*.fs|1m1, 2pi*154/1 23-*_fs|-.ift1, 2pi*230/128*fsnins and
2pi*307/128*fshi1. Siﬁ_ce 307+77, 384, is divisible by 128 the phase will return to
zero after five blocks, and the sequence of phaSe compensations can be

repeated.

In the example system with 50% ove_rlap. previqusly_ described the phase
compensation due to the first shift is the same as for systems having transforms

. with common factors and uniform overlaps. This wo_uld élso be the case for other

systems where the overlap is determined by the DFT sizé in the case of a receiver
(channelizer) or determined by the IDFT size in the case of a ftransmitter
(dechannelizer). This phase compensation is quite simple to implement since it is
calculated modulo 2 in the case of 50% overlap and modulo 4 in the case of 75%
and 25% overlaps. It is also computationally cheap since the muiltiplication of the
blocks by the two or four uniformly spaced phasors are just multiplications by plus
and minus one or multiplications by plus and minus one and swapping the real
and imaginary parts of the signal. This phase comp__ehsation has previously been
thoroughly described in U.S. Patent Application No. 09/1 56,630, titled . “Flexibility
Enhancement to the Modified Fast Convolution Algofithm" filed on September 18,
1998 to Leyonhjeim et al., the entirety of which is hereby incorporated by

reference.

" On the other end, the phase compensation due to a cyclic shift within the smaller

range (Shift #2 in Figure 10) would be dependent on the different overlaps on this
end. For the example system having a 27-point IDFT this compensation would be
0 and 2pi*13/27*fshirz ON consecutive blocks.

Above, it was mentioned that the present inventibn'. can be divided into three
varieties: (1) letting the input transform determine the overiap, (2) letting the output
transform determine the overlap, or (3) choosing an overlap that is independent of
both the input and oUtput block lengths. We will now discuss an example of the
third type: a fully implerhented system where the overlap is independent of both
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the input-and output transform lengths. As an example of a modified fast
convolution system:_-%’%g%ling transforms with no ‘Edmmon factors and overlap
independent on either transform size we use ny=256 (=2°), n,=23 (prime) and the

overlap /m=3/7.

Neither the input or output transform length can be divided by 7, so both input and
output (non-)overlap vectors of length 7 have to be created. Since ni*(m-l)/m

equals 146 we let the input vector of non—overlapplng parts be [146 147 146 146
146 147 146) which, as one of many possibilities, averages 146—7-. In the same

way nz*(m-i)/m equals 13% so the output non-overlap vector [13 13 13 14 13 13
13] is chosen.

The' vector of incremental phase shifts, Tc(p), corresponding to the fime
alignments of blocks 1 through 7 becomes (all humerators modulo 256 and 23,

respectively)

Tc(1234 586 7])=-

146 13 37 3 183 16 73 7 219 20 110

2M0, s 23" 256 23° '2_5_6"55 256 23°256 23’ 256'551

- and the phase compensation, Pc(p), for blocks 1-7 is_accordingly

Pc(123456 7])--——-[0 146,37,183,73,219,1 101fshm + [0,1 3,3,16,7,20,10] foninz

where the frequency shifts have been left variable. Remembering that fsnin1 is a
negative frequency shift in a channelizer, if the range to be filtered starts at e.g. 97
the value of fs;1 would be -97.

The fully implemented system is shown conceptually in Figure 11. The figure
illustrates that there are several frequency responses 1130 that each has a time
alignment dependent on the input and output overlap and transform lengths. The
phase compensations 1170, 1175, depend on the overlap, transform length and
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shift on each end and are also performed on each of the frequency responses

1130.

The preferred implementation as described above uses m different frequency
responses 1130 into which all time alignments 1180 and phase compensations
1170, 1175, are absorbed. This means that these frequency responses 1130 can
be computed once and then used for a certain channel as long as desired, which
implies a low computational cost at the expense of increased memory needed for

storing these different responses 1130.

In alternate embodiments the time alignments 1180 and phase compensations

1170, 1175, can be muitiplied to the blocks in real time, minimizing storage. In yet

another embodiment it is possible to multiply'the blocks only'with the phase
compensations 1170, 1175, which differs between channels, in real time and to
use a set of filter responses 1130 with pre-multiplied time alignments 1180, which

. do not differ between channels.

Although the examples in this document have been concentrated: towards
channelizers 1100, the operations described work equally well for de-chahpelizers,
with slight modifications as indicated. They also work for both overlap-add and
overlap?save implementations, for arbitrary l.engths of the input and output
transforms and for arbitrary overlaps I/m. Although it may appear from the
description above that the solution is only for the case GCDIns, nz]=1, in fact all
other cases when there are not enough common factors, or when the overlap
denominator, m, does not have a factor in common with ny or n;, are also
covered. Even when there are factors in common between the input and output
transform Iengfhs or between the transform lengths and the overlap denominator
the operations work. These are only special cases which may lead to fewer
different overlaps on either end or fewer alignments and compensations.

The embodiments described above serve merely as illustration and not as limitation.
it will be apparent to one of ordinary skill in the art that departures may be made
from the embodiments described above without departing form the spirit and scope
of the invention. The invention should not be regarded as being limited to the
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examples described; _but should be regarded instead as being equal in scope to the

following claims.
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1. A method for increasing the number of usable transform léngths and

overlaps in a signal transforhjled in a modified fas_t‘ convolution algorithm having

input length n, and oUtput length n2 and overlap I/m, ch_aracterized by:

providing for overlaps bn consecutive blocks on one 's_ide (e.g. input or output), said
blocks not necessarily _of the same length, and that, on average, give the same
overlap as the other side (e.g. output or input); and

_ aligning the signal in cdnsecut_iVe blocks in time.

2. The method of Claim | 1, further characterized wherein:

said blocks are frequency shifted; and

phase shifts due to said frequency shifting are compensated for.

3. The method of Claim 1, further characterized wherein:

it is not the case that both n, and n; are equal to a power of 2 (2%) and
there is a common factor in n4 or n2.

4, The method of Claim 1, further characterized wherein:

both ny and n; are equal to a power of 2 (2x) and there is not a common factor in n,

or nz.
5. The method of Claim 1, further characterized wherein:

there is a common factor in both nq and nz, and it is not the case that both nq and n;

are equal to a power of 2 (2%).

6. The method of Claim 1 wherein said providing step is further characterized

by:
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creating a vector of length m, representing the lengths of either the overlapping or
the non-overlappmg parts of the blocks, the averagé:6f the elements of said vector
being I/m and the sequence of overlaps in said vector repeating cyclically.

7. The method of Claim 1 wherein said time aligning step is further
characterized by:

multiplying DFT samples coming from different blocks by sinusoids with different
incremental phase shifts corresponding to the DFTs of the different delays.

8. The method of Claim 1 wherein said time aligning step is further

- characterized by:

multiplying the coefficients of the filter response in the frequency domain, H(k), with
the same incremental phase shift. '



