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REDUCED COMPLEXITY AND INCREASED
FLEXIBILITY MODIFIED FAST CONVOLUTION ALGORITHM

BACKGROUND

The presént invention relates generally to radio communication systems
and, more particularly , tO the' use of a modified fast convolution algorithm in
channelizers and de-channelizers of a radio communication system.

In radio base station applications for cellular, Land Mobile Radio (LMR),
satellite, wireless local area networks (WLANSs) and other communication
systems, many receiving and transmitting channels are handled simultaneously. In
the future, mobile terminals, i.e. mobile telephones, will also include this
capability. Such systems include digital channelization and de-channelization
structures 1n their receivers and transmiitters, re;pectively. Channelization and de-
channelization can be defined as the filtering, decimation/interpolation and the
frequency conversion of the signals transmitted and received. '

The traditional receiver architécture is illustrated in Figure 1. In Figure 1,
a Radio Frequency (RF) signal is received by the antenna 105 and then
downconverted to an intermediate frequency (IF) by a RF front end 110. The RF
front end 110 consists of components such as Low Noise Amplifiers (LNAs), -
filters and mixers. The desired channel is then extracted by the receivef
channelizer 120. The analog channelizer 120 aiso consists of LNAs, mixers 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 generally consists of analog-to-digital conversion, digital filtering,
decimation, equalization, demodulation, channel decoding, de-interleaving, data
decoding, timing extraction, etc.

The traditional transmitter architecture in Figure 1 is the dual of the
receiver architecture. The transmitted data is first processed by the TX baseband




10

15

20

25

CA 02344634 2001-03-20

‘WO 00/19654 PCT/SE99/01693

2.

processing unit 140 which consists of data coding, interleaving, channel coding,
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 analog de-channelizer 150 consists of filters,
mixers and low power amplifiers. The IF signal is then converted to RF and
amplliﬁed by the RF front end 160 which consists of mixers, filters, and a high
power amplifier. Fnally, the signal 1s transmitted by the antenna 165.

Figure 1 illustrates the traditional architecture for a single channel receiver
and transmitter of a mobile terminal (i-.c., mobile phone). In ‘the case of a base
station, multiple channels are processed in a similar way. On the receiver side,
the path will split at some point to form multiple paths for each channel being
processed. On the transmitter side, the channels will be processed individually
and then combined at some point to form a multichannel signal. The point of the
split and combination varies, and therefore, a variety of base station receiver and
transmitter architectures can be created. More importantly, though, the traditional
analog and digital interface 1s currently somewhere between the channelizer and
baseband processing blocks.

' The analog channelizer/de-channelizer is complex to design and
manufacture, and therefore costlj. In order to provide a cheaper and more easily
produced channelizér/de-channelizer, the future analog and digital interface will
lie, instead, somewhere between the RF front end and channelizer blocks. Future
radio receiver and transmitter structures of this type are called a variety of names,
including multi-channel radio, wideband digital tuners, wideband radio or
software radio, and they all require a digital channelizer/de-channelizer.

Efficient digital channelizer/de-channelizer structures, which perform
filtering, decimation/interpolation and frequency conversion, are very important in

terms of power consumption and die area on a per channel basis. One of the main
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goals of these structures is to integrate as many channels into a single Integratcd
Circuit (IC) as possible.

An efficient and flexible method of ,channclizatioﬁ 1s presented in
copending, commonly assigned, U.S. Pateﬁt Application No. , entitled
"Wideband Multichannel- Channelizer,” the entirety of which 1s incorporated here
by reference. The method disclosed therein is based upon the fast convolution
algoritlnﬁ, an algorithm for efficient implementation of filters using the
correspondence between multiplication in the frequency (Fourier) domain and
convolution in the time domain.

Figures 2A and 2B illustrate the modified fast convolution algorithm
applied to a channelizer and de-channelizer, respectively. In Figure 2A, an input
signal 205 i1s provided to the channelizer. The mput signal 205 is a stream of data
coming from a prior process, such as an ADC.

The data stream 205 i1s first processed by the n% overlap block generator
210. This process is based on the amount of percentage overlap, the size of the
Discrete Fourier Transform (DFT) and the type of overlap, that is overlap/add or
overlap/save as discussed below. In the case of overlap and add, the data stream
is chopped into non-overlapping sections of length Npprx(l-1), and padded with
Npgprs1 zeros to form a single block. In the case of overlap and save the data is
chopped into blocks of length Npgr, which have an overlap with the previous
block given by a length of Nppr#n.

' The resulting blocks are then input into the DFT algorithm. The DFT
algorithm is completed in block 230. As a result of pipeline FFT process'ing, the
output of the FFT 1s not mn the correct order. Therefore, the bin select and extract
block 240 must compensate for this by reordering the output sequence and only

selecting the bins needed. The number of bins needed depends on the number of

filter coefficients 260.
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The selected bins are multiplied with the filter frequency coefﬁcients 260
in multiplier 250. An inverse Discrete Fourier Transform (inverse-DFT or IDFT)
270 1s then completed on the result of the previous multiplication.

The output of the IDFT is inserted into the 1% overlap block combiner
280. The combination operation depends on the %overlap of the blocks and
whether an overlap/save or an overlap/add is being employed. For either overlap
and add or overlap and save, the blocks are overlapped with the previous block by

a length equal to Nyppr+n. For overlap and add, the overlapping part of the

block is added to the previous block's corresponding overlapping part, while for

overlap and save the overlapping part of the block is simply discarded. For both
overlap and add and overlap and save there are no operations performed on the
non-overlapped part of the block.

Figure 2B illustrates the modified fast convolution algorithm as applied to
a de-channelizer. The input signal is a stream of data 202 coming from a prior
process, such as an ADC operation. In contrast to Figure 2A, the input data
stream is specific to one channel, rather than a stream combining many channels.

The data stream 202 1s first processed by the 11% overlap block generator

204. This process is largely based on the amount of percentage overlap, the size

of the DFT and the type of overlap, that is overlap/add or overlap/save. In the

case of overlap and add, the data stream is chopped into nonoverlapping sections
of length Nppr+ (1-n), and padded with Nppran zeros to form a single block. In
the case of overlap and save the data is chopped into blocks of length Npgr,
which have an overlap with the previous block given by a length of N ppram.
A Discrete Fourier Transform (DFT) 206 is then completed on the result
of the previous operation. One skilled in the art will appreciate that the DFT 206

could, in the alternative, be implemented as an FFT. As contrasted with the

receiver in Figure 2A, the DFT 206 structure is small and the IDFT 216 structure

1s large, the opposite of the receiver.
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The block is then multiplied by muitiplier 208 with filter frequency
coéfficients 212. The frequenéy filter coefficients 212 are equivalent to the DFT
of the impulse response.

The results of the multiplication are then input by the insert bins block 214

5 into the Inverse Discrete Fourier Transform (IDFT) 216 and the IDFT algorithm
is then completed. The output of the IDFT algorithm is processed by the n%
overlap block combiner 224.

The blocks are combined in the block combiner 224 depending on their
%overlap and whether an overlap/save or overlap/add is being employed. For

10 either overlap and add or overlap and save, the blocks are overlapped with the
previous block by a length equal to Nypprsn. For oveﬂap and add, the
oveﬂ apping part of the block is added to the previous blocks corresponding
overlapping part, while for overlap and save the overlapping part of the block is
simply discarded. For both overlap and add and overlap and save there are no

15 operations performed on the non-overlapped sectiohs. '

Copending, commonly assigned U.S. Patent Application Serial No.

, entitled "Flexibility Enhancement to the Modified Fast Convolution
Algorithm," the entirety of which 1is incotporated herein by reference, sets forth in
greater detail the opération of the components of Figures 2A and 2B.

20 Iﬁ the modiﬁed fast convolution al gorithm as used 1n state of the art
channelizers, the number of points in the IDFT (computed by IFFT) is a power of
two. The same or a slightly lower number of frequency coefficients are used in
the frequency-domain filter. .

A problem with the state of the art systems is that when an IDFT/DFT size

25 i1s chosen, the maximum number of frequency components is limited (to the
number of frequency components in the IDFT/DFT) and therefore the ultimate
filter rejection is also limited. This means that either the required re; ection cannot

be obtained, or it may be necessary to choose a IDFT/DFT that is twice as large
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in order to fit the frequency components. The number of operations can,

thérefore, increase drastically because of a small increase in the required filter

‘rejection. In short, in the state of the art solution the different system parameters

(i.e., filter bandwidth, DFT/IDFT size and sampling rate) are very tightly
connected. . . ‘ .

In the channel-specific part of channelizers based on the modified fast
convolution algorithm, the small IDFT in a receiver and the small DFT in a
transmitter require many operations for their computations. . This limits the
number of channels that can be channelized/de-channelized both because of the
power dissipation and the limited number of processing elements that can be .
incorporated into the same chip. If a hardwired channel-spec-\iﬁc_ part is used, the

power consumption 1s the main limiting factor. If a flexible architecture based on

programmable processors is desired, the number of operations, even trivial and

low-power, can limit the number of channels that can be handled. Thus, there is a
strong incentive to reduce the number of operations in the channel-specific parts of

the modified fast convolution algorithm.

SUMMARY *

The present invention seeks to-enhance the above-described modified fast
convolution algorithm in order to increasé the flexibility of the al gorithm. In an
exemplary embodiment of the present invention, a folding unit is introduced as a
pre-processing stage prior to the IDFT in the recetver. The folding unit adds
outer frequency components onto inner frequency components in the frequency
domain in order to produce a reduced set of frequency components.

In an alternative embodiment, an unfolding unit is introduced as a post-
procéssing stage after the DFT in the transmitter. The unfolding unit expands the

set of the set of frequency components by adding translated original components

outside the original set.
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The folding and unfolding processes increase the flexibility of the modified
fast convolution algorithm by reducing the number of operations per second that
have to be performed for the channel-specific parts of the algorithm. Moreover,
since the number of operations per channel decreases, more channels can be

treated by a single chip.

BRIEF DESCRIPTION OF THE DRAWINGS

10

15

‘The above objects and features of the present invention will be more
apparént from the following description of the preferred embodiments with
reference to the accompanying drawings, wherein:

Figure 1 illustrates a conventional transmitter and receiver;

Figure 2A illustrates the modified fast convolution algorithm applied to a
channelizer; '

Figure 2B illustrates the modified fast convolution algorithm applied to a '
de-channelizer;

Figure 3 illustrates the modified fast convolution algorithm applied to a

channelizer according to an exemplary embodiment of the present invention;

20

235
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Figure 4 1illustrates the folding process according to an embodiment of the
present invention;

Figure 5 1llustrates the placement of the folding process in the modified

fast convolution algorithm according to the present invention;

Figure 6 1illustrates a higher order folding process according to an

embodiment of the present invention;

Figure 7 illustrates the modified fast convolution al gorithm applied to a de- '

channelizer according to an exemplary embodiment of the present invention;

Figure 8 illustrates the unfolding process according to an embodiment of

the present invention;
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Figure 9 illustrates the placement of the unfolding process in the modified
fast convolution algorithm according to the present invention; and

Figure 10 illustrates a comparison of the performance of the state of the art
modified fast convolution algorithm and the modified fast convolution algorithm of

the present invention.

DETAILED DESCRIPTION

Figure 3 illustrates the modified fast convolution algorithm applied to a
channelizer according to an exemplary embodiment of the present invention.
Similar to the description of Figure 2A above, the modified fast convolution
algorithm applied to the channelizer of thé present invention illustrated in Figure 3
includes a 1'% overlap block generator 310, a large Nyt 'point DFT 330, a select
bins block 340, a multiplier 350 for multiplying the selected bins with frequency
filter coefficients 360, a smaller N,-r point IDFT 370 and a n% overlap block
combiner 380 which operate in a manner similar to that described above. In
addition, the system according to the present embodiment includes a folding unit -
390 which performs the inventive folding process.

The folding unit 390 adds selected frequency components onto other
frequency components, which hereafter will be called " folding"” in the frequency
domain. Frequency folding is the process of adding outer frequency compOnents
onto the remaining inner frequency cdmp onents.

Figure 4 illustrates the folding process. In Figure 4, 16 frequency
components are folded into 8 frequency components by adding the outer 4
components on the left to the inner 4 components on the right and adding the outer
4 components on the right to the inner 4 components on the left. One skilled in
the art will appreciate that since the signal is a complex signal comprising

imaginary and real parts, the convolution will take place in the complex plane and,
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‘therefore, the right outer frequency components, when convollited, will be shifted

. by -90° and will land at the locations indicated in Figure 4.

AS a result of the folding process, the original 16 frequency components
are reduced down to 8 frequency components. The folding process of the present

invention results in a reduced set of frequency components that can be processed

“in a smaller IDFT 370 than would otherwise be the case. The forming of the 8-

point set shown in Figure 4 can be written simply as
Yo3 = X4g + Xipis
- Y = Xgy + Xoase

Figure 5 illustrates the placement of 'the folding process within the
modified fast convolution algorithm set forth in Figure 3. The folding process is
performed after the bins have been multiplied with the frequency filter coefficients
and before the data is fed to the IDFT. As is evident from Figure 5, the '
exempléry multiplier outputs four frequency components labeled D, B, A and C.
The folding unit folds the outer frequency components D and C onto the inner
cdmponents A and B so as to reduce the number of frequency components that are
needed to be processed by the IDFT.

According to an exemplary embodiment of the present invention, folding in
the frequency domain can be expanded to higher orders. That is, the frequency
components can be folded inwards and added more than once, as illustrated in
Figure 6. This means that three or more components are added together to form '
one input component to the IDFT. As illustrated in Figure 6, 22 frequency
cbmponents, labeled X,-X,,, are folded via the folding process of the present
.invention into 4 frequency components Y ,-Y,. This folding process would allow a
4-point DFT to process the 22 frequency components in a single operation.

' High order folding 1s especially useful if the filter rejection has to be very
mgh far from the carrier while the requirements are quite loose close to the

carrier. A general formula for higher order folding 1s set forth below. For the
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output frequency components Y, in a set that will be processed in an N-point IDFT

the expression reads

Nku

ko C +k+NXn
n=- 0

- <k< N

where C, is the number of the center freq_uency point in the input data and N ., and

N,d are the number of frequency components that will be added to the output bin

with index k originating above or below C,, respectively.

Figure 7 illustrates the modified fast convolution algorithm applied to a de-
channelizer according to an exemplary embodiment of the present invention.
Similar to the description set forth above with respect to Figure 2B, the modified
fast convolution algorithm applied to the de=channelizer of the present invention
set forth in Figute 7 mcludes a n% overlap block gexierator 704, a small N per
point DFT 706, a multiplier 708 for multiplying bins with frequency filter
coefﬁcienté 712, an insert bins block 714, a larger N per point IDFT 716 and a

n% overlap block combiner 724 which operate in a manner similar to that

discussed previously. In addition, the system according to the present

embodiment includes an unfolding unit 730 which performs the inventive
unfolding process. - '

The unfolding umt 730 expands the set of frequency components output
from the DFT 706 by adding translated original components outside the original
set. The concept of unfolding is illustrated in Figure 8. In Figure 8, a 24-point
set is formed from 16 frequency components coming from a 16-point DFT. As
illustrated, the 4 left-most fréquency components of the original set are added to

the right of the right-most frequency component of the original set and the 4 right-

“most frequency components of the original set are added to the left of the left-most

frequency component of the original set. As a result,' a new 24-point frequency
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response is created. This new 24-point frequency response is then multiplied with
a 24-point frequency response (i.e., 24 frequency filter coefficients) without
having to perform a larger DFT operation.

The forming of the 24-point set in Figure 8 can be written as

Y 4-19 = XO-IS
Y&a = X:z-ls
Y. 2023 — Xo3

where X, denotes the input components and Y, denotes the output components.
Figure 9 illustrates the placement of the unfolding process within the

modified fast convolution algorithm set forth in Figure 7. The unfolding process

is performed after the DFT operation and before the data is multiplied with the
frequency filter coefficients. As is evident from Figute 9, the exemplary DFT
outputs four frequcnéy components labeled C, B, A and D. The unfolding unit
adds components C and D outside the original set of components to form a six
frequency component set (D, C, B, A, D and ).

The process of unfolding can also be expanded to higher order so that the

- small number of DFT frequency components fed to the frequency response

multipli‘cation are used several times.
A general formula for unfolding including higher order is set forth below.

For the output frequency components Yc, ., formed by unfolding the

components of an N-point DFT the expression reads
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where C, is the number of the center frequency point in the output data and N,
and N,d are the number of frequency components that are formed from the input
component with index % inserted above or below C,, respectively. o

As 1llustrated above, by performing frequency domain folding in a
receiver, 1t 1s possible to have the DFT output multiplied with a filter response
wide enough to prevent wideband aliasing, and the result of this operation folded
into the smallest IDFT possible without introducing aliasing from the nearest
adjacent channels. Using the concept of frequency-domain unfolding in a
transmitter, 1t is possible to have a DFT output smaller than the filter response,
and then expand it to the necessary ';vidth before multiplying with the frequency
response. ‘

Frequency domain folding and unfolding improves flexibility by removing
restrictions on the frequency domain filter and also decoupling the filtering

requirements from the DFT/IDFT length. Folding/unfolding can be used to get

correct sampling rates independently of changes in filter bandwidth or stopband

suppression.

Folding and unfolding in the frequency domain significantly reduces the
number of operations per second that have to be performed for the channel-
specific parts of the modified fast convolution algorithm. It also reduces the
memory requirements. Since the number of operations per channel decreases,
more channels can be treated in the same chip. As a result, a processor-based
architecture becomes more feasible.

The present invention is applicable to all types of fast convolution
algorithms where a change in sampling rate is involved and especially when there ‘
are very tough stopband requirements. The relative reduction in the number of

operations achieved by the present invention depends in part on the total number

of operations that are due to the IDFT/DFT. By reducing the IDFT size from 32
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to 16 points, the number of multiplication operations that are needed reduces from
88 to 24 when the IDFT is computed by a radix-2 IFFT. This reduction by 3.7
times reflects in a corresponding decrease in power consumption. The number of
arithmetic operations (additions plus mﬁltiplications) goes down frém 496 to 176,
a 2.8 times decrease.

Figure 10 illustrates a comparison of the computational complexity in
million operations per second (excluding memory operations) between the state of
the art algorithm and the folding algorithm of the present invention. The
comparisoh was méde at a sampling frequency of 61.44 MHz and total decimation

of 512x. As is evident from the figure, the folding algorithm of the presént

invention permits a greater number of channels to be processed than the state of

the art algorithm.

The foregoing has described the principles, preferred embodiments and
modes of operation“of the present invention. However, the invention should not
be construed as being limited to the particular embodiments discussed above.
Thus, the above-described embodiments should be regarded as illustrative rather
than restrictive, and it should be appreciated that variations may be made in those
embodiments by workers skilled in the art without departing from the scope of the

present invention as defined by the following claims.
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CLAIMS:
1. A system for enhancing a modified fast convolution algorithm

applied to a channelizer, said system comprising:
a 1§ % overlap block generator for co'nverting a received data stream
into blocks; ‘ . |
means for performing a NDFT-point Discrete Fourier Transform
(DFT) on said blocks to form frequency components;
means for selecting frequency components;

a multiplier for multiplying said selected frequency components

‘with frequency filter coefficients;

means for folding said multiplied frequency components into a
smaller number of frequency components; -

means for performing a N,-point Inverse Discrete Fourier
Transform (IDFT) on said folded frequency components; and

a % overlap block combiner.

2. The system-of claim 1 wherein the means for folding adds outer
frequency components to mner frequency components in order to produce said

smaller number of components.

3. The system of claim 1 wherein said means for folding is located
between said muitiplier and said means for performing a N pr-point Inverse

Discrete Fouriler Transform.

4.  The system of claim 1 wherein said means for folding performs a
higher order folding where three or more frequency components are added

together to form one input component to the IDFT.
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5. A methdd for enhancing a modified fast convolution algorithrn
applied to a channelizer, said method comprising the steps of:
processing blocks of data with a Npg-point Discrete Fourier
Transform (DFT) to form frequency COmponents;
5 multiplying selected frequency components with frequency filter
components;
folding the multiplied frequency components into a smaller number
of frequency components;
performing a N,-point Inverse Discrete Fourier Transform
10  (IDFT) on the folded frequency components to form filtered data blocks; and

combining said filtered data blocks into a continuous data stream.

6. The method of claim 5 wherein the folding step comprising a step
of adding outer frequency components to inner frequency components in order to

produce said smaller number of components.

15 7. The method of claim 5 wherein said step of folding is a higher

order folding step where three or more frequency components are added together

to form one mput component to the IDFT.

8. A system for enhancing a modified fast convolution algorithm
applied to a de-channelizer, said system comprising:
20 a N % overlap block generator for converting a data stream into

blocks:

means for performing a Ny-point Discrete Fourier Transform on

said blocks to form an ort gmal set of frequency components;

means for unfolding the ongmal set of frequency components to

25 form a larger number of frequency components;
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a multiplier for multiplying said larger number of frequency

components with frequency filter coefficients;

means for inserting the multiplied frequency components into a
N.=-point Inverse Discrete Fourier Transform;
means for performing the Nper-point Inverse Discrete Fourier

Transform; and

a 1% overlap block combiner.

9.  The system of claim 8 wherein said means for unfolding expands a
smaller number of frequency components into a larger number of frequency

components by adding original components outside the original set.

10.  The system of claim 9 wherein said means for unfolding performs a
higher order unfolding where larger number is more than twice the smaller

number.

11. A method for enhancing a modified fast convolution algorithm
applied to a de~channelizer, said method comprising the steps of:
performing a Npgr-point Discrete Fourier Transform on overlap.ping
blocks Of data to produce an original set of frequency cofnponents;

- unfolding said original set of frequency components in order to

~ form a larger number of frequency components;

multiplying said larger number of frequency components with
frequency filter coetficients;

performing a Ny er-point Inverse Discrete Fourier Transform on the
multiplied frequency components to obtain data blocks; and

combining said data blocks into a continuous data stream.
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12.  The method of claim 11 wherein the step of unfolding expands a
smaller number of frequency components into a larger number of frequency

components by adding original components outside the original set.

13.  The method of claim 12 wherein the step of unfolding is a higher

order unfolding where said larger number is more than twice the smaller number.
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