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Efficlent digital channelizer/de-channelizer structures, consisting of filtering,
decimation/interpolation and frequency conversion, are very important in terms of
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range of possible cholces of transformsize very limte One woul d | (ke to

have odd ovaiamaddnanshgvedapisave caarbe ensidgeadc dwonekiiermesn anshihere oarepover

of two le 3 or 3111 or other
unusual W@ggm%ﬁmqblﬁﬁéﬁg%t“%-b%wg!l’f\?gg\%b[ engths on either end.
The basi c probl em when using i nput and output transforns w thout conmon

di vi sor s [Thet trencalibri i afd thea frequency| tesponsal lno the hstangl-albaé nwdifiext Ifagt fits
both ends at t For, ex i f . the EET size 128 and .t he

| FFT si zecpev%&ﬁﬂ ﬁ@%ﬂ&\ﬂg&sm‘% ?H“t‘hs\?é?fr gfﬂsﬁcﬂwohﬁ@"tm'g%?'b& end
woul d "kEFﬁQesPathé %neulaapéomiomtm el Wg&uhml té! 3nowT6ﬁ Jﬁoﬁmél Yinear

|nconpat| resent 1 nvention OSSI | e tO | nput and

out put t r gnavalution, |aithpugh withicarefully &@smmdﬂdenﬁnml Qoo @ambam;absmaﬂes

o thour s dEuRaf o o, BRuBRAE FebriRnsh Ba it fortnl, HegRhatdr! By Ataiotiet >
i nput and ggsmm?ﬁm,s and nheafreqiersdyo conversionie rodmplster ibye cbatarinfethe

over |l ap. rexa a_common* factor of four makes possible 50% 75% and
25% overl sincaled filtes paefficlenisan thewanted ehepnld nake possible - 3 AP R
2~(i~ io0 overlaps of 33% and 66% In the preferred enbodi nent, other

nodi fications will be added to the invention which wl( extend t he use of
the nodified fast convolution algorithmto input and output transforns
whi ch have no comon factors.



Figure 6 shows the situations in which the present invention are used.
Across the top of the chart the MFC is divided into situatio_na\mmgﬂha

i nput and output transforms either have .a conmon factor (CF) ave
a common factor (No CFA in comon with the overlap. On the left side of the
chart are shown three situations for theg sizes of the transforns. in the
first one both, the input and output transformsizes are a power of two. In

the Seconq*hen&unmsd Ofreﬁlbéi'ldyr &asﬁcms@ dlso acausesr aokdrdmatiyhiedactidie iAt s
a power of two further multi'p sone other integer. In the thir
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factors in common wth each other. The present invention also works in the
same caseNaamsdadNgsr). &h%ﬁtan%%lpnﬁtmadﬁl@defﬁﬁbﬁ%vqllﬁ@ﬂ\ﬂbwg‘m&;ﬁésﬂlﬁhé)ee t he

comon. - ABBRIRER IR ARefterrlehatfBiaar ¥abtaitho B oh6 sdkitthuled 0T oo
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be d b tiall Th t st
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aver age) akamgfehmesew svarémapaadbktm iHsEope:rwbnaFer @md?éﬁcyewisonihﬁs
second step 1S to align the sig I n consecutive bl ock tinme he third
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essence ofod i 85 b apbiingtlat 56 S 5 chRAABK R bosnor

oL ner  anaSonenexissadders e mamary ere then oeded Vo st proosteing Mo |
thegsarre P}fw@"h@@"é@n@%?ﬁas@ﬁﬂ@%Pﬁdes an eno?rmus amount 01P freedom
conpared with'the Iimtations of state of - 3 APR 2003 mthe art. Input
and out puConfputdtionabsavings canalsd belnaderinvhé IDFTatrbugh tits use oflpeiniag) and

deci mation, and i nterpol atio ti os need no 'l onger, be, powers of two.
Al t hough EWESiaRbAReshoh e BEdh oulaiiiaieeddd b selopiated Rarina releruioteg o
the pres ePPode@é’ Y idubtihg & fbﬂ&ﬁ@h%‘lﬁrtﬁé MIFT haPBeHiRCaffdclithB outpid¥, ITHeS

enbodi nents are further defined In the dependent claims. The present
i nvent i onoutpubpeints thatarspot needsdraredievengopputaul ar system It is
par~cul arly applicable to many radi o base station applications in e.g.

|l ul
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DRAW NGS T e ve now be described In nore detail with
ref erence P% PM&?H@;H the present invention, given only by
way of exanple, and II | ustrated in the acconpanying draw ngs, in which:
FIG1 is ghareds 3l C& p"i’obreih‘il Wltﬁ)'iﬁé é@@i@ldehﬁf‘édﬂ ERme ndspettaivVier future
architecture. FIG i's c};ramo a state of e art | Q denodul ati ng
digital r swetamsrinvqivimg ttae rec isna@cbt»fammlsswfénsmy channgls stawliangously.

b gor ¢ e Sl Indcflbpd iR Sloity ShahfalRby SHipBtd i aTBU GlatheR”
the overl ap to\ee ldrgeenumber ¢f chameélsatie svdrpedeparidant Lgsm’ﬁlﬂwtta:gm ratfio nput

and out put transform sizes covered by, th rlor rt e pres
vent  on COMRTIGENon sYslere Py Syafepts.  ivanpblics fraeroft Bepues) BompuERtonsh

I nvent i on.east and flexibility based on the radio systems requirements will make the ultimate
decision of which wideband channelizer algorithm to choose. There is still room to
. Improve these channelizer/dechannelizer structures In terms of computational cost



- 3 APR 2003 12 FIG 8 shows the phase of the frequency response 'and the
‘correspondi ng delay of the inpulse response. FIG 9 illustr t&?oﬂm
accunul ated difference in non-overlapping parts of the inpu q%t
blocks. FIG 10 illustrates the frequency shifts of the nodified fast

convolution algorithm FIG 1 i illustrates a fully |rrplerrented system
accordi ng e I
accordi nga g @%@'@&eﬁ‘gﬁbal nv nt| bggggﬁ%%g@t&%&.lgge@\'s ri e sj'zafly)

| etting tbhanmgist transformdeterm ne the overlap) ~ (2) Iettlng t he out put
transform determ ne the overlap, or (3) choosing an overlap that is

LB??Q?R“{H&@L@" k1< b dostdbod probloms i, nti2dBeed in IS RivedfEhapa 't%n&f
wi |l coo ?ﬁétd&%hBSEbédﬁm “quuhhehhnﬁél’%‘éggg& pete anﬁenﬁ?eww ng ngég@h o

fromthe st two varieties w be 1 nc in the fo
of the soentmemoéwﬁm Igrlmeomomedabys éﬁt&r@deyhaein. dpshahpatest applicatiomfant he

Phat cve uPBVRAdnaisd Fu5t cohwoifécabon it . destnRt d e beldies ' o v o
the sane méePko’tﬂem% @ésdcltﬂe@m'cbﬁvél%r&i chaﬁnalzaﬁéIUéleﬁanﬁélaeﬁseﬁ@dm%t ep

720 is .to a n the signal in consecutive bl ocks of time. The third step

730 is thprohlemaomma@gmmztauqnqub fHoxlbility angeaccepablgudelay withi respedt. toThese

ki ng. subeSEnEEfbse Bisthfhs o IR ABRS A0S ool that ) on

average) give the same overlap as on the opposite end of the algorithm
This is diUhetimproeed anodlﬂedtfash convziutioro algoritimeas dessdbed dmSEB02059+Tt hs

h di
o oor SROBRReS AT be Slark-aiB Miindrlast eonfilioh Swodh Atbied S 3R0R"
conpati bl eomdhiéétbmwmmdt be@fFugLfne 2, rlpuf)htsrtﬁe PiecBssary fieAhg between the

respectlvelﬁlq; |f the overlap fs denoted en in general mdifferent

overl aps MRG algodthmy and addit 'Wﬂ'oﬁ@a@i'e'bﬁ‘!wnﬂnd@efﬁ W h@peaving |ﬂﬂQ1rﬁ°W6r I
d h

e can o Eofe GARRER, 8 aheH antinSRRNGHI oSy ihat B8l B8R U1

| engt hs ostandralene tMECokid also agvery flexiblacalgmhml pterms phdeslgningtmﬁor

non: over | BRpHBA" I ufkrbf, AaE] ileinalbs, i Bds Yidhel Eroily

i mpl ement bahedwidtty,ctiannel sq:al‘aﬂbntdml bit-pate.ah furtivereadvantiagd in) SES802060-7l8 t he
?\e/ﬁ(t:;? ﬁem? B@Rﬁhgfl\ﬁ &epaquof gllggﬂ h'rrtl hprpoclzessstegesnﬁglﬁ-'sl."lefd Blocks aan&%ﬁte%?o#en the
produces smaller delays, delays which become acceptable for land-based radio
communication systems. The improved MFC algorithm is considered to be very
sultable for e.g. channelization/de-channelization In a wide varety of radio
communication systems. It is therefore a good cholce 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 Fourler



transforns, that end can have the same overlap for all blocks. The first
step 710 can be illustrated with an exanple where we. assune that_the

i nput transform has even |l ength, the output transform has odelsl (AB ?BBS
the overlap is 50% on the input. The overlap on the output could than be
separated into two ~overiaps, one of odd | ength and one of even |ength)
that are used interleavingiy on every oB8her block . As a second exanple we
assume that the input transformis 128 points and the output transformls

25 poi nt sTrabsforms’ FRD, ahd 2 Imearsé Fast IRousieh Tearesfort) rIGFTH respbctubey) et he
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d coul e

bl ocks ont e out put 13 and 14 sanples, respectively. This
yi el ds an_average of 13.5. The time alignment is done by tine-shifting the
si gnal wi 8lrice thedransiermn sizes e powears o Bva.anasy parameterssini tbbtstmesm-ﬁ@nnent
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equi val ent, sinpler and | ess conp ﬁatlonally conpl ex ap Proac woul d be to
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filter response to t em erent’ tinme I'S needed
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H(k) * G~Zde¢ih1atwa ratio lshas ahd the smallestu mlﬂﬁt)ofis tdwsmréd tesonéabl‘n of

t he bl ock, | engt The cpryespopdence  betwe taI phase hi ft
(201 x1 n tprote e denuRg ot e ove ,ﬁﬁw anstaciPapsie t ne
| mpul se r “eghown in Flgure 8. (Observe that a negatlve time shift
of nl5 (correspondlng to xIn = -115) looks Ilke a' positive tine shift of
4nl5, singe: ﬁj within the block, The tine alignnent is
cal cul at e€ FfLis 2

= 5 3 S8 peween the relative starting points for the
bl ocks on the |nput and output ends of the algorithm which is the sane as

the accunthg!mdsentdinlémicn etates! garital o kD probietl TUfiting) deitRaiAPRE N0

parts. Figure 9 illustrates this concept. i ncrenment al phase shift to
the bins BermP@RN ﬁnqﬁ&gupnaéeemswedm;hmwﬁow 0 eheuw ptamodifiady n.

wh t t d
23 o ?a)e ﬁs&%ﬂv@gg&{ @l egga@l'gelng@@bafxg S@@g{:ﬁé@i&b{/?&%@d eu%ry:&aﬂéﬁraﬁdw
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be- St 1 oty pefiybar S ERRbinRCcisesBa atfivey 786 w88fs of Saifiog §8Fe i
bl ocks_ ( bprabérh Rocdidint t the presert nventions b dummartzed nitha Saliéwing. i ni i ze

t he maxi num absolute.tine shift. The tine alignnment is inplenmented by

LY e el e i G DBS S gt s SeRe TS .
channelization/de-channelization structures of SE8802059-7 Is limited because the
input and output transforms are both powers of two. This limits the number of
possibllities 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 slizes.



An effort should be nmade to have a small accunul ated difference in
(non-)overlap, the sumin the equation for Tc(p)) through the design of the
| nput and output overlap vectors, while at the sanme tine nakgggapgngggrlap
as close as possible to 15 - 3 AP R 2003 Ilm This increas h mum
| ength of the inpulse response of the fitter that can be inplenented. In

t he exanpl e di scussed above with a 27-po®Pnt | DFT and 50% overl ap we had
alternating tines between the first sanple of each block of 13 and 14 bins,
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timeshift, ang we, woul d ed a positiye ti,neshift,,of h anpl e ount ed
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rel ative twouldenake passibleeveslapsfd8%iand&6Shces are 0, +115, +2/5, -1I5)
-215, sanpled on the input end. This calls for having five filters with
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wi th the frequency response IS is done 1n order to Shift the center
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t echni ' f I ' ' 91 128, 062 "NCO
ngenkgﬁﬁﬁP@§%55b@ﬁfgw¥EEQ§#hPﬁgbﬁﬁ{Pf@ﬁﬁﬁwﬁﬂﬁ%?ﬁﬁﬁhs 't?eby i ncor por at ed

by reference, depends on the possibility to pe~rtormthis shift. Cbserve
t hat Shi f tThetbdsic tpgrebleas evibén ausitginputi and Qutpot itransformgawitheuts cempmony

il 1 pi 1 o SvsArnhSmated bl SoNR8 a8l i iER sodivbrid Sis botp ends
ﬁnrj (e? ggrfgéatti&ggfsgnﬁ? ﬁfené. Ieortaxemple, K ttve FFITCsIZE (128 andithe IFFR slzerisi 27| ther

time sanples in a block of size n by a sinusoid
e~P~~un' t ,inpHEpRd wauld fih evemé.‘sﬂm;“ aRd the puiput endgueyld aﬁé tq have pMeﬂﬁﬁfrmer
of a sanpl g4 [ ol e transform bl ock, al
si nusoi ds c?c}lr'\raég'léﬂglrﬁgh@@%ﬁ?#@f}@&ﬂﬂﬁ%@@ﬁﬁq@t he frequency domain return
to their initial phase. However, if the bl ocks are overlapping) they are
pat ched t ofjee peesentivantiommeakes liipossiile do usarihput anch oulpubtransformns im éhe

hat ve wiPCBOSAst ol AT WHFSECH e hoalr Lo i ien pBhest T on-

therefore grewdCokts PPES Brve. ThiR WBFks, Withol NIRRT hydifiGAtIRINEStD thehase
to correct for phase errors due to the frequency shifting in the frequency
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nmodul ati ng,_Si | ' = ' ock
and shi 1 re/ayfLfordfS oVBHRR, Fof bRsblE ARG tétabY SIoBrbieyBh fsBIOR 0/
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the sane as the nunber of different tineshlfts, m the phase has returned
toits initial value. The phase conpensation can al so be incorporated into
the set of filter responses by multiplying the elenents of each filter
response with a constant phasor) since the nunber of different phase shifts
that are needed generally is the same as the nunber of different tinme
shifts. In addition to being dependent on the length of the accumul ated
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conpensati on al so depends on the frequency shift, ~rvhich neans that an
i1 ndividual set of filter responses is generally required for each channel

in the channelizer. The-phase conpensation for the p-th ) Pc(
p) = Pc(l) + 2~c(~n - n.~(q)) f ~a.i n where nis the Iens Atpoﬁmq

transform) no,P(q) is the length of t 0overlapp| ng part of the g-th block
and fs,,,ft is the frequency shift. phase conpensation for the first
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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 to 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 fimitations of state of
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1130 with pre-nultiplied tinme "alignments 1180) which do not differ between
channel s. FIG. 2 Is a diagram of a state of the art IQ-demodulating digital receiver.

FIG. 3 Is a diagram of a state of the art decimated filter bank.,
FIG. 4 Is a diagram of a state of the art fast convolution algorithm,

FIG. 6 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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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 algjorithm. 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 detal! 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 (L.e. GCD [ny, nz]=1, “GCD" is “Greatest Common
Divisor”) we must first make sure that the input and output rates are 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 & common factor, they
can both first be reduced by this factor. We can then create vectors of length m,
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The first step 710 can be lllustrated with an example where we.assume that the
input transform has even length, the output transform has odd lenb'th 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

- 8/5 (overlap = 2/6). The overlap on the output would be 2/5 of 25, l.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 18 and 14
samples, respectively. This ylelds 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 multiplying the DFT sampleé coming from different
blocks by sinusoids with different incremental phase shifts (the DFTs of the
different delays). An equivalent, simpler and less computationally complex
approach would be to multiply the coefficlents of the filter response in the
frequency domaln, H(k), with the same Incremental phase shift. This means that a
sot of m filter responses, corresponding to the m different time shifts, is needed.
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overlapping parts. Figure 9 illustrates this concept.

The incremental phase shift to the bins of block p (p>1) becomes

To(p) = Te(l) - mf’i(""""'(") G OC)N
q=l

/0 n

where nq and nz are the lengths of the input and output transforms and nqpi(g) and
napz2(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 Te(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, €™, | sa that for the filter response number p

Hp(K) = H(k) &/T0)

An effort should be made to have a small accumulated difference in (non-)overlap,
the sum in the equation for Te(p), through the design of the Input and output
overlap vectors, while at the same time making the overlap as close as possible to



X k m B bCF"10% h& ()-"F"10% h& ()-s10% h& ()-*10% h& ()-G 104| 104| 104"

. 210%}| & ()-sB 5QK: dEbCI 010% h& ()-Y, nf 10% h& () - YF+ni 10% h& () - Yy&Z" 10%
h& ()-3Y$10% h& ()-F'10% h& ()- 9% mbC@" 10%m& () -f Y" 10%&'_19- K‘PR‘“ZGO?S) -$

10%m& ()-m 10 h 10 h 10 hl 2m10% h& () - mm _1dEbC :

Y" 10%18 () - Gy10%& () - Y" 10%& () - Y" 10%1& () - yY" 10%& () - nF" 10%& () -
1,-./=2_@10%& ()-!\3" 10%00& ()-Z 10m }@m 10mB1O%I& () -

" 10%m€ () -:' Y"10%m€ () - g?

o 9E G5 HOURL 1 LdOME hsdl KOS o o e s na Pk oo i -

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 points of the signal in the blocks 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 2pl27* 1/4 and 2pl/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 biocks. 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 2pl/128*0, 2pl/128*1/5, 2pl/128*2/5, 2pl/128*-1/5, 2pl/128*-2/5
per bin, respectively.

Finally, the third step 730 of the method of the present invention Is to compensate
for phase shifts due to frequency shifting. Figure 10 illustrates two shifts, Shift #1
and Shift #2, possible in the modified tast convolution algorithm as Implemented in
a channeller/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 domaln 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 Iif 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 to shift the center frequency of the signal within the decimated frequency
range. This technique, described further in the ﬁatent application US 9/128,062
“NCO Size Reduction” to Hellberg, the entirety of which is hereby incorporated by
reference, depends on the possibility to perform this shift. Observe 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 frequency response is
shifted down to zero frequency.

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, "™, whers 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 sinusolds corresponding to different shifts In the
frequency domain retum to thelr initial phase. However, Iif the blocks are
overlapping, they are patched together with the next block at an earlier point at
which the sinusold in general will not have returned to the Initial phase. This
~ means that we will have a phase discontinuity between the blocks. A
compensation tharefore has to be performed in order to align consecutive blocks
in phase to correct for phase errors due to the frequency shifting in the frequency
domain.

The phase compensation is done by calculating to which phase the modulating
sinusold has moved during the non-overlapping part of 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 blocks, in general the same as the number of
different timeshifts, 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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10( set of filter responses is generally required for each channel in the channelizer.

The-phase compensation for the p-th (p>1) block Is

Pe(p) = Pc(1>+2n(2n L f ot

9=

whaere n is the length of the transform, nyp(q) is the length of the overlapping pari
of the g-th block and fsni 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 phasor. 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-
afigned filter response of block p, Hp(k), with the constant phasor 6P, so that
the phase compensated frequency response He,p(k) becomes:

He,p(k ) = Hp(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:

Pe(p) = Pc<1>+2:{(2m a2+ (5 s~ nat) f“"’)
n q=l

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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samples long, the accumulated value from the previous blocks is 77, 154, 230 and
307 for blocks 2 through 5. Assuming only Shift #1, the phase compensation
would then become 0, 2pi*77/128*fghine, 2pi*154/128*Fshing, 2pi*230/128*fspny and
2pi*3077128*f3h;n1. Since 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% overlap previously described the phase
compensation due to the first shift Is the same as for systems having transforms

. with common factors and uniform overlaps. This would also be the case for other
systems where the overlap is determined by the DFT size in the case of a receiver

" (channelizer) or determined by the IDFT size in the case of a transmitter
(dechannelizer). This phase compensation is quite simple to implement since it is
calculated modulo 2 in the case of §0% overlap and modulo 4 in the case of 75%
and 25% overlaps. It is also computationally cheap since the multiplication of the
blocks by the two or four uniformly spaced phasors are just muiltiplications by plus
and minus one or multiplications by plus and minus one and swapping the rea!
and imaginary parts of the signal. This phase compensation has previously been
thoroughly described in U.S. Patent Application No. 09/156,630, titled “Flexibility
Enhancement to the Modified Fast Convolution Algorithm” filed on September 18,
1998 to Leyonhjelm 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 bé
0 and 2pi*13/27*fsnn2 on consecutive blocks.

Above, it was mentioned that the present invention can be divided Iﬁto 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 independent of
both the input and output block lengths. We will now discuss an example of the
third type: a fully implemented system where the overap is 'lndependent of both



10%g& ()-"10%& ()-Z 10@ 10@

10@Z" 10%2& () - BG' 10%2&’ () - 4F" 10%@&' () - “nmm20o0p0r aBbC

10("10%& ()-s"10%g& ()-!ts"10%& ()--10%g& ()- "10%g& ()-"10%& () -
OrssCtt kvl vimvnvdYNC 10( 10g 10g 10g4"10%& ()-1"10%& ()-O:g)wa& 2003
-10%& () - % 109%g&' () - Gv{ v~vv<wMixdEYNC 10( i j
Y' 10%@& () - 3s10%a& ()-Zm 10%@&' ()-9Y" 10%@& ()- fF10%@ ()-,# 10%&& () - Zx
zOzzz| 9 | aBYNC 19

10(/ F" 10%@& () - - 10%G& ()-1 9% 10%@& ()-Z!0 ! 10%>& ()-y1l0%a&' ()-

fY" 1096 {he- ingyt) ppd ~oulpat toansfamydangths. As mo/@ample@w@m&ﬂ% desbo

10@F" 10%&, hutioh Syéfent ) r&ving t#5mis with no common factors and overlap

independent on either transform size we use n;=256 (=2%), nz=23 (prime) and the
overlap Im=3/7. ' '

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

equals 146% we let the input vector of non-overlapping barts be [146 147 146 14é
146 147 146)] which, as one of many possibilities, averages 146%—. In the same

way n2*(m-l)/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 time
alignments of blocks 1 through 7 becomes (all numerators modulo 256 and 23,
respectively)

Te(1234 56 7))=-
146 13 37 3 183 16 73 7 219 20 110 10

20556 23°256 23°256 23256 23°256 23'256 23

and the phase compensation, Pc(p), for blocks 1-7 is accordingly
Pe(123456 7])=--2251;6~[0,146,37.183,73,219,1lolﬁml +22—’3’[o,1 3,3,16,7,20,10]finrz

where the frequency shifts have been left variable. Remembering that fyurs is a
ﬁegative frequency shift in a channelizer, If the range to be flitered starts at e.g. 97
the value of fywss would be -97.

The fully implemented system is shown conceptually in Figure 11. The figure
lllustrates that there are several frequency responses 1130 that each has a time
alignment dependent on the l'nput 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 alignmeénts 1180 and phase compensations

. 1170, 1175, can be multiplied to the blocks in real time, minimizing storage. In yet
another embodiment it is possible to muitiply 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-channelizers,
with slight modiﬂca_jions as indicated. They also work for both overlap-add and
overlap-save implementations, for arbitrary lengths of the input and output
transforms and for arbitrary overléps I/m. Although it may appear from the
description above that the solution Is only for the case GCD[n4, ny}=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 nz, are also
covered. Even when there are factors in common between the input and output
fransform lengths 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 iliustration and not as limitation.
It will be apparent t6 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 scape to the

following claims.
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WHAT IS CLAIMED IS:
1. A method for increasing the number of usable transform lengths and

overlaps in a signal transformed in a modified fast convolution algorithm having
input length ny and output length ny and overlap I/m, characterized by:

providing for overlaps on consecutive blocks on one side (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 consecutive blﬁcks in time.

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

said blocks are frequency shifted; and

phase shifts due to sald frequency shifting are compensated for.

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

it is not the case that both ny and n; are equa’l to a power of 2 (2X) and
there Is a common factor in ny or ny,

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

both nq and n. are equal to a power of 2 (2X) and there is not a common factor in ny
or nz.

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

there Is a common factor in both ny and no, and it is not the case that both n4 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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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:

mhltiplying 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 -sald - ime "aligning step is further
characterized by:

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



