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. : | ABSTRACT

Fast Fourier‘transfotm processor realization by means of
stptéd—ptoéuct ROMs- is ;descrfkqﬁ in this thesis! Stored-
proéuct ROMs are used'iu place of hardwart multipliers to
achieve very hﬁgh data throughput rates, needed for realtime
radar signal.processing. ‘Typically, a per sampie data
throughput rate of above 100 MHz is obtained. New hardware
archltectures to achieve these hlgh sampllng,fates are de-
veloped for radix-2 and radix-4 serial pipeline and parallel
pipeline processing on _small sets of samples: Though the
discussion on low order FFT tN € 32) architectures is éiven
in the beginn}ng chapters, the emphasis gradually shifts to
the realizaticn methods forhigh order (N > 64) FFT p?oces—
SOrs. A new method of matrzx transposer realization, Random
Access Memory Array Transposer (RAMAT), is proposed fof par-
allel proce551ng.‘ Modified FFT archltecturts for radix-2
degimation-in*time and ‘decimation-iu-frequency -algorithms

are proposed to reduce the finite wordlength effects encoun-

tered in the fixed-point arithmetic. Data throughput rate

T oae

. . LA ’ .
and hardware complexity comparisons are given for each real-
ization method. Computer simulations are carried out to

predict the error performance of each of the proposed hard-

ware architectures.

- iv- -
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Chapter I
INTRODUCTION

g

Spectral analysis,'corrélation and convolution are impor-
tant tools that are required in applications such as radar
signal processing, digital communications, image processing,
speech processing, sonar and geophysical signal processing.
Many of these problems require the use of a variety of num-
erical methods for their solution. A technigue thét has
found wide applicability is the integral transform me:hod
[1].‘ However,nﬁmerical problems are generally solved with
the aid of a digital ;imputer which is not designed to han-
dle the continuous waQefofa; that occur when integral trans-
form methods are used. . For this reason, it is necessary to
convert a continuous time signal to. a series of discrete
data samples, and to perform numerical operations such as

discrete Fourier transform on these samples.

There are several algorithms which are cost effective in
terms of hardware. and/or software to compute the discrete
Fourier transfofm [2]. The choice of any algorithm mainly
depends on the intended application. The'cost of implemen-
tation usually increases with'the accuracy and/or throughput
rate reguired. "For example, speech signal proceésing re-

quires higher accuracy than radar signal processing. Howev-
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er, vradar signal processors operate at higher throughput

" rates compared to speech processors.

In radar signal processing, one of the most impoftant
signal brocesging operation§ is spectral analy§i§.' The data
throughpﬁt rate requiremepts of a 'spéctral transform may
Qary depending upon the épectrhl range of the .signal whose

bandwidth determines the range resolution of the system [3].

Doppier processing is commonly used in pulse Dopplef ra-

*
dar systems to improve the detection of targets distributed

in"a severe clutter environment. Clutter is a severe prob-

lem eépeciaily if the radar system is-airborne and opergting
gn- }lookdbw%f_mo@e [4]: bé;auselotﬂe transmitted  §hgréy
through ‘hé_mainlobe and sidelobé; of thé anténda qpn%kesthe
ground angd conseguently strong echoes are-refiected. 'rThese
undesirable reflected echoes (clutter) obscure the echoes

received fhom the desired targets. It 1is possible to signi-

_ficantly improve the detection capability by exploiting the

Doppler frequency shift of the moving targets. Since the
relative velocity between the aircraft and the ground is
zero.as far as the altitude return is cgnce:ned, when the
antenna is 1éoking straight down toward the earth, the clut-

ter from the ground predominantly occupies the low frequency

range of the spectrum [5]. Therefore it is possible to eli-

minate the ground clutter by high~pass filtering. It is

also possible to eliminate rain clutter and clutter due to

]

[ TR



. : - -.3
;lowly moving objects such as birds by this process. Furth-
ermore, the Doppler frequency component and hence the veloc-
ity of the moving target can be extracted by passing this
high- ass filtered Signal through 2 bank ¢of bandpass fil-
ters Each filter output is fed to a detector with cegg;in

thréshold to determine the presence of a moving target.

The Doppler freguency component of the moving.target de-
pends on the velocity of the target and may be of gﬁe’order
of huﬁdreds:of KHz for modern threats. ~To achieve unambigu-
oﬁs velocity’ measurements, the pulse repetition frequency
{PRF) of the system must be at least twice as much as the
maximum Doppler fréguency componeht [6]. High PRFs are
essential thus ppsing stringent. signal processing réquire-
mentsl‘ Typically data throﬁghput rates of several mega sam-

.ples per second are required.

- T

e

The formation of a directional beam in the time domain
through the ;Se of delay lines or phase shifters can quickly
become cumbersome from a hardwafe standpoint‘as the number
of elements increaées. With the Fourier transform, however,
it has been possible to take advantage of the frequency do-
main equivalent of time delay and performing the beamforﬁing

with a digital method [7].

Development of digital methods for antenna beamforming in
the receiving mode of a radar can be édvantageous in provid-
.ing the system with a high degree of £flexibility in "beam-

——

L&
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pattern management” for countering Electronic Counter Mea“

sures (BCM) and providing multiple functions efficiently

[81. )

Beam formation within a digital processor reauires that
amplitude and phase information appearing at the outputs of
various receiving channels, each associated with different
parts of the antenna aperture or with different beam direc-
-tions,\bgﬁggcurately preserved by the process of analeog-to-
digital conversion. These complex signals afgb fed to a
specfrum analyzer t® obtain their spectral equivalents. The
principle employed in this beamforming procedure is that a
signal, shifted (delayed) iﬁ time is eguivalent to the
spectrum of the signal, multiplied by a complex exponential
which 1is proportional to the time delay [9]. In other
words, the spectral samples of the sensors can be multiplied
with agpropriate exponentials to form the beam in a desired

direction.

Digital beamforming requires very high Ehroughput rates
of the order of several hundred MHz, since the overall band-
width of the system is N times the bandwidth of a single
channel, where N is the number of beams [10]., Digital beam-
forming i a cost-effective. approach when as many beams

are formed as the number of antenna elements.

- Another example of high speed signal processing is in

synthetic aperture radar where high resolution two dimen-
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sional image formation demands high throughpug rate signal
processing [11]. Synthetic Aperture Radar (SAR) is an ac-
‘tive mic?&ﬁ&ve imaging system for all weather terrain map-
ping; SAR diff;rs from 'nmormal aperture' radar in that the
beam aperture in azimuth is synthetically reduced by pro-
‘cessing the Doppler frequency information in the radar re-
turn signal [12]. . In this way, a sharply focussed beam is
synthesized from a2 normal length antenna, and high resolu-

tion is achieved.

Formation of synthetic aperture involves mixing the re-
ceived signal on a range gate by range gate basi's with a re-
ferenced function and integrating the.mixer output over many
interpulse periods. The mixing and integratigg is the sig-
nal processing, which essentially forms Doppler cells in
range gate. When samples corresponding to multiple range
gates are processed, an azimuth line is formeﬁ. . When suc-
cessive azimuth lines are laid side by side, the map is

formed [13].

The SAR prcceésihg algorithm can be thought of in terms
of Doppler filtering or Fourier transforming [14]. The pro-
cedsing can usually be broken intc two phases; range pro-
cessing and azimuth processing. . Most coherent :fadars use
some form of modulation or coding of the transmitted wave-
form to improve resolution. Appropriate processing is per-

formed at the receiving end to demodulate or decode the ra-
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dar returns (range compression}. In the second phase,
Doppler processing is applied to achieve high resolution in
the azimuthal direction {azimuth compression). Thus 2 high
resolution two-dimensional image.can be formed. . The forma-
tion of a real time SAR imége reguires the processing of
large amounts of data at very high thr&ughput rates. As an
example, the digital correlator currently existing at Jet
Propulsion Laboratory uses three parallel AP120B array pro-

. cessors and achleves a computation rate of only 1/500 of

that needed for real time [15].

~Xll these c¢oherent radar signal processors demand very
high speed arithmetic computations for realtime processing,
There are several other examples reguiring high data
throughput rates which include Electronic Warefare (EW) sys-
tems such as Ballistic Missile Defence (BMD) radar systems
to detect, discrimggéte and track small reentry vehicles in
the presenée of heavy clutter and ECM [16]. All these ap-

“ .
plications'may require processing on small sets of samples

(£ 32) at high thréughput rates.

Historically, the most important event in the fast algor-

ithm development has been the fast Fourier transform (FFT),

introduced by Cooley and Tukey [17] in 1965, which compute
DFTs with a number ¢f operations proportional to (N logzN)
and therefore reduces drastically the computational complex-

13
ity for large transforms. Since convolutions can be comput-

[OOSRt



Hed by DFTs, the FFT élgorithm can also be used to compute
convolutioné with a number of operations proportional to (N
logzN) and therefore played a key role in digital signal
processing ever since its introduction. But even with the

FFT, it is very difficult to meet the specifications of real

time radar processing tasks by means of computer software.

. It is obvious that for combuter processing of complex

samples, FPT is prefer:ed over direct DFT, because of the dras-

tic reduction ip the computational requirements. However
for sbecial purpose hardware processing, oﬁe has to serious-
ly consider both’'the FFT and DFT algorithms. Though the FFT
computational algorithm reéuires,a smaller .number of éompuf
tations than the DFT alébrithm, the controls for the data
flow required are seve}e'[lsj, The data flow problems are
simplified in. the case of DFT computation. However for pro-
cessing. low order ( £ 32) samples, where the control com-
plexity is not significant,” FFT 1is always preferreé over
DFT, because for a given. data thr ughput rate {number of
cémplex samples per second), FFT ftealization reqﬁires less
hardware (number of Integrated Circuiit components) compared

to the DFT.

-

A low order FFT can be realized by an array processor to
achieve high throughput rates. But this approach is expen-
sive and inefficient because all the commercially available

array processors are optimized for processing a large amount
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of data (eg. 1024 peint FFT). In other words, it is not-

cost effective_to buy an array processor to calculate a
l6-point FFT. A microprocessor based FFT even for process-
ing N < 32,sambles can not handle real time radar signals,
because micfoprocessor—based systems extensively timeshare
the memory and the arithmetic componenfs. Several read/
write operations reduce the overall thoughput rate and in-
crease the processing delay. -A fast Fourier transform pro-
cessor ba;edlon T19900 16-bit microcomputer [19] completed a
256-point FFT in 736 msec. A ‘high performance' micropro-
cessor-bhased FFT.pfoceSSOE'was deéigned [20] with Intel 3000
- bit sliEe microprocessor, a TRW multiplier, and.some TTL
circuits to perform a 256-pcint FFT 1in 5.4 msec. The same
processor could complete a 32-point FPT in 330 usec. A FFT
processor based on TMS320 signal processing chip could per-

form 1024-point FFT in 78 msec at a throughput rate of 12.8

KHz [21]. ©One may not be interested in achieving high data

throughput rates using emitter-coupled logic (ECL) technolo-
gy which is expensive and consume more pgewer [34] than tran-
sistor-transistor logic (TTL) or complementary metal-oxide

semiconductor (CMOS) technology.

A 32 point radix-2 decimation-in-time FFT monolithic chip
was fabricated by TRW [22]. The time required to perform a
32 point FFT is 47 usec at a clock rate of 680 KHz. A bit

serial VLSI processor implemented with a radix-4 FFT has

been designed [23] to operate at 770 KHz. ' Twoe 32 point

PR



LS

- - ' —_— 9
floating point chips.have been introduced® for high speed
signal processing [24]. Though a short clock cycle (80
nsec) signal p}ocessor' has been develo;ed [25], it takes
several capek\pulses to @o arithmetic operations. All these
above processors can hérdly meet the speed requiremenhsigf
modern radar signal processing. .Hencé to realize a high
épeed low order FFT processor, the best choice is a spe;ial

purpose hardware design.

~ In the _past,' several fast Fourler transform processors
for radar s}gnél processing were realized with special pur-
pose hardwa:e. The realization of an eight-point pipeline
FFT for pul;e-Doppler and pulse compression radars was re-
ported [26].° For pulse Doppler or Moving Target Indicator
(MTI) processing, an eight point FFT unit was used in\over—
lapped batch processing [27]. The processér was implemented
with 12 bit fixed-point arithmeti; and the A/D converter had
8 bit word. The data throughput rate of the processof:was
128 KHz. RCA developed a pipeline FFT matched lfilter to
process wideband signals in excess of 10 MHz [28].

Several épecial purpose‘hardwarg multipliers utilizing loé-
look-up table technique of multiplicafion were used in this
FFT processor. The multiplier was operating at 16 MHz.
This 6*6 bit multiplier was fabricated in‘; 3*4 inch printed
ciréuit board to incorporate 25 Integ}ated Circuits. The
8-point FFT realization included twelve printed circuit

<

boards for multiplications alone.

[}



. 10

.« These approaches are not suitable for implémenting radar
signal‘processiii\to work” at above 100 MHz clock rate. 1In a
conventlonal method of 1mp1ement1ng high *speed FFTs, each
multlplzcatlon is achieved by a separate hardware multiplier
without tlmesharlng it. ThlS approach is prohibitive in
terms of hardware complexlty and cost even for a modest num-
ber of points. IanStlgat1ons of . new methods of realizing
very kigh throughput rate and higﬁf'accurate fast Fourlier

transform processors, without lsignificantly increasing the

hardware goﬁﬁlexity and cost are reported in this thesis.

'.The proposed FFT processor realizations are based on
storéd-product ROM technique of multiplication. To reduce
the cost, the power consumption, the size, the multiplica-
tion time and to increase the pryduct accuracy, Stored-pro-
duct-ROMs are used instead of hardware multipliers [29]. It
is not necessary to store the coefficients in a separate me-
mory or in a register. The complex FFT multiplications are
then performed using ROMs in which the produets of all pos-
sible real and imaginary parts of the'input samples with
those of the FFT coefficients are precalculated and stored

[30].

This way, we can have coefficient wordlengths as- long as
necessary to take advantage of the full coefficent accuracy.
When an input sample addresses the ROM, the output of the

ROM will be the product. The multiplication time is essen-
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‘tially the same as ROM access time. The multiplication‘time
tends to decrease as new developments take place in high
density, high speed, and low cost ROMs. Serial pipeline and
parallel pipeline FFTs can be developed to meet the radar

signal processing requirements [31].

The two dimensional discrete Fourier transforms are dou-
ble sums computed by summing \iteratively in the two coordi-
nate directions. It_is straightforward fo compute these
double sums when the entire matrix can be stored in high
speed memory. A problem qrises when this is impossible or
inconvenient. In many applicétions thé matrix is stored on
a block storage device, e.g., a disk, where the smallest re-
cord that can be accessed is an entire row -or column. In
this ekvironment the direct computation of the transform is
expensive because of the time. involved in accessing the ex-

ternally stored matrix.

One method of achieving matrix transposition, suggested
by Eklundh [32] involves an efficient techniqﬁe for physi-
cally transposing the matfix on disk. Once the matrix is
transposed then each ro; may be individually retrieved and
.Fransformed, requiring only one read and write of the data
to perform the FET. Of course, transposing the matrix re-
quires additional data handling. . The disadvantage of this
method is that it is not well suited for parallel- processing
hardwargf“bécause of man; reaé7§rite operations, whichvre—

duce the overall throughput rate.

el Ta e P
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A new method of matrix transposition realization based on

Random Access Memory Array Transposer (RAMAT)} T33] has been

'B%oposed, ‘suitable for parallel. processing, in which: RAMs
‘«afe arfanged in a two dimensional é;ray. The samples coming
in parallel are stored in each of the rows of RAMs. | After
cbmpletely storing the saﬁples in® rows, sqmples'in.thé éq?
lumns are read in’ parallel ffém the .RAMS gfranged @n:da‘
lumns. This épproach offers.high';hroughput ratés due to
parallel data transfers. It s poSs@ble to realize high

speed high- ‘order one diménsional FFT processors [34] and

high speed low order_twqtdimensional‘FET.pfocgssor [35]‘by
timesharing a low order FFT unit and‘with-g matrix transpo-

sition network.

-

4

- N
FFT processor implementation based ‘on fixed-point arith-

P

metic [36]) offers high throughput rates at the cost of fgn-' j
i}ed accuraéy due to “finite wordlength effectéf? whereas
floating-point arithmetic [37] offers better accuracy b

with somewhat low speed. For radar signal proces;}ng, speed !
is more importah£ than accuracy. The accuracy achieved with
8-bit fixed-pbint arithmetic is satisfactory for most of the ) |
radar applications. However, high accuracy can' be achieved
without incfeasing the number af bits by modifying the FFT
architecture. Such new methods [35,39] are proposed to re-
duce the effeét_of éuantization for low ordeEFEFTst Expres=-
sions for the mean square error and the noféé/éignal ratio

W~ V

|

|

|

|

]

: i

of modified FFT a;g?itectures are given. _ j
|

}

-
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The original contributions of this thesis research are
\ thé development of'a parallel pipeline FFT processor by me-
_éns of stored-product ROMs, a high speed matrix transéSsi—
tion operatig:afor pafallel pipeline processing, and statis-

ticalfehfor analyses of modified FFT configurations.

- )

‘Other contfibutions, partIf%&riginal, ‘include the reali-
zation technigues of serial pipeline FFT prbcessors by means

" of stored-product ROMs and high order one dim nsional and
low order two dimensional FFT processbr realization mgthbds

for high speed signai processing.

The role of high speed FFT 1in.radar signal processing ié
- briefly reviewed with a few examples in Chapter I!. The re-
quirémets for realizing butterflies for radix-2 and radix-4
algorithms are explained in-Chaptér I1I.  The radix-2 and
radix-4talgOrithms ‘are chosen for the hardware realization
~because of their modularity. The development of radix-2 and
radix-4 décimatio&hin-time (DlT; serial pipeline FFT proces-—.
sors using stored product ROM& is described 1in dhapter Iv.
A new realization method for ®a parallel pipeline low ord-
er (N=16) FFT processor to achieve a maximunf possible
throughbut rate is also described. New methods of realizing
high order one-dimensional and low orde}‘tyo-dimensional FFT
processors are proposed in chapter V.', Expresgions for the
accumulation of roundoff errors in the pfoppiLd modified

] ! - . .
FFTs are given 1in chapter VI. The detailed comparison of
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hardware complexity versus speed for each of the FFT proces-

sors is given. And finally, the concluding remarks are giv-

en .in Chapter VII. *\\1 oL

Computer simulation results of some of the proposed FFT

hardware architectures and practical consideration of the

‘'high speed FFT are respectively given in Appendices A and B.

-

Some of the contents of this thesis have already been

reported -or published [30,31,33,34,35,38,39)."
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Chapter 1II

ROLE OF HIGHSPEED FFT IN RADAR SIGNAL PROCESSING

2.1 INTRODUCTION

: In this chapter, the applicaﬁién of high speed FFT pro-
?'cessors in reéaltime radar signal processing is described.
Three coherent radar signal processing technigues are con-
sidered, (1) Pulse Doppier Radar, (2) "éeamforming Radar and

(3) Synthetic Aperture Radar.

Modern high resolution radar systems require high speed
signal processing (the data throughput rate per sample may
vary from ten MHz to hundreds of MHz). In the case of pulse

_Doppler radar, it is essential to detect a high velocity
target submerged in high density clutter. Coherent process-

ing techﬂiques improve the detection capability [40].
E ]

Beamforming radar associated with a phased array system
should be able to simultaneously detect multiple targets and
-employ ECCM (Electronic Counter Counter Measures) techniques
such as null steering and sidelobe cancellation to counter
jamming. To form a beam in azimuth and elevation, two-di-

mensional beamforming is required [41].

_.15_
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Synthetic Aperture Radar (SAR) for high resolution strip
mapping of the terrain involves coherent signal processing

[42]}. 1In a SAR, a large aperture antenna can be synthesized

bv;processing a2 large amount of data, without actually increa-

sing the physical dimensions of the antenna. .

ere are several methods of realizing a radar signal
processor for each radar application. Each method of reali-
zation mainly depends on the radar system requirements.
Signal processing reguirements also vary over a wide range
depending on éhe sophistication of the problem. Our de-
scription is limitéd to only éhree radar applications, to

explain the role of high 'speed.FFT. -

22,2 PULSE DOPPLER RADAR

The application of high speed 1low order FFTs in coherent
pulse Doppler radar signal processing is described in this
section. Pulsed radars using elapsed time between transmit-
ted and received signals to obtain range have (because of
range ambiguity problems) a long receive time or eguivalent-
ly a low pulse repetition fregquency. For a specified value
of peak power, this restricts the amount of energy transmit-
ted by the radar. This power restriction primarily applies
to airborne radars with weight and volume restrictions. To

increase the amount

nsmitted energy during the target

.1llumination period, pulse Doppler radars were developed

ST T

B terni
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[431. These radars are characterized by a high pulse repet-
ition frequency (PRF)} to increase the transmitted energy.
This high PﬁF, however, eliminates the capability of the ra-
dar to use time-discrimination ranging to obtain radar-tar;
get range. High PRF radar operation is strictly based on
tﬁe Doppler principle. A typical design problem is chosen
t6 emphasize the use of high speed low order FFT processor.
The principle of pulse Doppler radar (PDR) is described in

‘the following. -

A simplified block diagram of a PDR is shown in Fig.
2.1. In a coherent pulse Doppler radar, there is a phase
consistency between successive transmitted pulses. That is,
the pulses are a part of the continuous wave. This coher-
ence can be achieved by using a highly stable oscillator to
prodﬁce a continuous wave radio freqguency signal, which in-
turn is amplified and pulse-modulated to produce coherent
transmitted pulses. When the coherent pulses are reflected,
coherence is retained. On the receive side, the reflected
echoes are down-converted to . the intermediate-frequency (I?)
and fed to the signal processor. "The phase of the transmit-
ted signal is important for coherent Doppler processing.
Hence to detect the correct Doppler frequency shift, a por-
,tion of the transmitted signal is used as the local oscilla-
tor (LO) signal while heterodyning the received echo. The
receiver essentially consists of microwave hardware and di-

gital signal processor.

[
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The Doppler freguency component of the signal after A/D

convergign is fed to the digital signal processor which con-

sists of a Dopple{ filter bank. The Dobpler filter bank can

be realized using a FFT processor. A typical design problem
is_dbnsidered in the next section.

~
2.2.1 Design Considerations

The requirements of a pulse Doppler radar for military
applications'such as land-based Mobile Radar Systeﬁ t? accu-
rately estimate the velocity'pf a target 1is explainéd
through a design problem. The primary requirements of such

-

a radar system should include the capability to detect a

large velocity target (eg. fighter plane) and small antenna

(easier for transportation).

The primary design parameters are

maximm anticipated target velocity — = 300 m/second
maximm permissible antenna size - = 3 meters | A

Design Problem:

let “the Transmitted Freguency ( ft) = 5 GHz (C-band)

Transmitted Wavelength (2 )} = 0.06 m

An Antenna of a suitabie dimension is chosen such that the azimuth
beamvidth is less than 1.2° for better angular estimation.
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For a Rectangular Aperture, half-power beamwidth

( ®an ) = 0.886 A/D radians.
where D = antenna width '
‘ ' . ( eﬁw ) = 50.8 A/D degrees
let Intenna Width (D) = 2.7 m, (ogy) = 50.8 x 0.06/2.7
: - 1.1289°

maximm Doppler frequency shift (£ a ) = 2VA
where V = target velocity .
( fd ) = 2 x 300/0.06 = 10 KHz
Pulse Repetiticn Fregquency (PRF) 2 2 £y

let PRF = 20 KHz

Inter Pulse Period (IPP) =~ 50 usec
_let Pulse ‘Width (T ) .= 100 nsec ¥ 15 m range resolution
Total Number of Range Bins = 50 wsec/100 nsec

= 500

—

-

Total number of transmitted pulses within antemna bearwidth « ©_ . X PRF/AD

BW
where AD = Antenna Displacement (degrees/sec)

Iet Antenna Scanning rate = 60 revolutions/minute ..,.AD =360 degrees/sec
Total Number of Doppler Filteré = 1.1289 x 20000/360 = 62.71 * 64
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Fd

2.2.2 Signal Processing Requirements

The radar transmits a set of 64 pulses per beamwidth at a
PRF of 20 KHz. The received echoes are range-gated in 500
channels. The data correspopding to first channel for each
of the 64 reflected echoes are used for Doppler processing
(Fig.2.2). A 64 point FFT is wused to do thiszfiltering.
Next the second channel data of 64 reflected pulses are used
to repeat the same Doppler filtering operation. Thus five
hundred 64 point FFTs have to be completed within the anten-
na dwell time of 3.1 msec. A 64 point FFT has to be com-
pléted in 6.2 usec. As will be explained in chapter Vv, it
is possible to perform a 64 point FFT by timesharing a 16
point FFT unit in 2 usec using CMOS integrated circuits (ba-

sic clock time is 500 nsec).

Though it 1is possible to estimate a large Q%émiﬁguous
£arget velocity, the maximum unambiguous range is limited to
a few miles. . However the problem of second time around
eihoes can be avoided by using multiple PRFs. Instead of
transmitting 64 pulses at a single PRF, 16 pulses are tran-
smitted for each PRF. And a 16 point FFT can be uséd to

process the return echoes.



2

[ R e

~d
o~
_ HOSSTOOUJ WNDIS WVaWY ¥T1ddoq 3STNd €2 ‘91
TR/STIMS N LAY
SLIM r
AVdsia 144 LINIOd N NOLLISOdSNVYL STIAD J9NVY || 3SYHANI
¢ | 4od
NOI103L3 WV ¥aLT1d AIOHM ANOWIW VOIS
139wVl 031A
AndN1 XT1dv0)

L Wavy YT 1dd0] 35N NI ONILVG 39NVY 2' 2 '914

ST130 39NVY $357Nd JILLTWSNVYL

TN
e 1 aF

HLAIM 3STNd l.* -

IVAYALN]
. ASTINQYAUNT

—]

Qo1u3d NOILVNIWNTIL VNNILNV

R



.wr’
23

2.223 Radar Signal Processor

Fig.- 2.3 illustrates the signal' processor for pulse Dop-
pler radar. The inphasé (I) and quadrature (Q) A/D convert~
ers sample the baseband _Dopbler shifted signal for each
ranée-cell and store it in.the input buffer memory. The ma-
trix transposition network holds the data corresponding to
each pulse repetition interval in each row, The output of
the matrix transposition network is read in columns corres-
ponding to data for one range cell from ail the 64 pulse re-
petition inter;als (coherent processing interval). Then a
64 point FFT 1s used to analyze thé-Doppler shi}ted Spectrum
due to the moving target(s). The outputs of the FFT are

used for target detection.

2.3 BEAMFORMING RADAR

A beamformer can be interpreted as a spatial filter which
operates on the outéuts of an array of sensors 1in order to
enhance the amplitude of a c¢oherent wavefront relative to
that of background. noise and directional interferenﬁes. In
a beamforming radar,'the phased array provides the capabili-
ty of large angular coverage in a short period of time since
the positioning of the beam is governed by electronic rather
than by mechanical means. Paralleling of phase shifters for
each element of the array would provide the capability of

forming a number.of.beams equal to the number of parallel
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channels. There are several methods of performing beamform-
ing operation in realtime. fhe_ broad classification 1is
based on time domain and freguency domain procedures. In
this section, we describe a beamforming method based on the -
frequency domain technique using fast Fourier transform pro-
Cessor. Freéuency domain beamforming concepts are the re-
sult of the application of the Fourier transform techniqué

to the beamforming process.

2.3.1 Beamforming Fundamentals

.

The fundamentals of digital beamforming are described in
this section. The objective of beamforming is to use the
signals received by the sensors in a bhased manner so as to
preferencially detect signals coming from a particular di-
rection (ie., signals coming in on a particular beam). In
addition, by éveraging over many sensors, the signal-to—
noise ratio {SNR) 1is increased. An appropriate analogy is
that beamforming is related to multidimensional spectral
analysis in the same way that bandpass filtering and one di-

mensional spectral analysis are related.

In a conventional beamformer, the outputs of an array of
sensors are combined so as to enhance the amplitude measure-
ment of a propagating, coherent wavefront relative to the

ambient background noise and spatially 1localized interfer-

ences. Commonly this is accomplished by correctly time
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delaying and summing weighted sensor data as shown in Fig.
P
’ 2.4.

- A modern beamforming technigue is based on the frequency

domain‘approach, This is due to the application of the FFT

algorithm.which oifé;g;arithmetic-advantages. Due to the

-

linearitey of the beamforming process and certain properties
of the Fourier transform, the Fogrier transform of the beam
output can be obtained from the Fourier transform of the

sensor.-outputs in the followipg way.
AN
Ny .
B(w,@l{ = nil a Xn(m) .exp{—ijn(Oz)

&

-

where B(mtég) and'xh(w) denote the Fourier transforms of the
beam and sensor outputs respectively,'m*.éenotes freguency,

the “%;’ﬁenote the weighting coefficients and EEE)\;nfeﬁ)de-

- e‘;
_tion Ql' v

‘Digital beamforming is performed on the element signals

oherehtly translated to baseband, then time sampled and &i—

lobes, weights are generally applied to each element. The
weights are real or complex numbers applied to both the real
’ v (in—phpse) and hmaginary (quadﬁaturé—phase) components of

the baseband element signals. T~ C «“
- N . '—4( 4

<

note the delays réqgired to steering the beam in the direc- ~

gitized in an A/D converter. To reduce-antenna beam side-
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A linear array is capable of forming a beam in one dimen-
sion whereas a pianar (rectangular) array is capable of
fbrming a beam 1in two dimensions by apblying the proper-
phaée gt each elemént. For a rectangular array of M*N ele-
ments in two éimensions, the two dimenksional beamforming op-
eration'essentiaily consists of two-dimensional FFT. This
can be obtained by taking an M-point FFT on each of‘ the N
columns followed by an N-point FFT on the M rows. The fan
shaped beam_;ormed in fhe first FFT is narrowed to a pénéil
beam on the second FFT. Pencil-shaped beams, having e&ual
width on goth beam axes, are desirable for many radar sys-
2 tems. : : v

- A~ i
e 2.3.2 Digital Multiple‘Beamformigg

)
The block diagram i& Fig. 2.5 shows the basic elements of

the analog receiver and digitar~pissessing chain.” The RF
‘analog signals in the elements are amplified ‘and converted
to basepaﬁd by a receiver in each channel. Low pass filters
ZLPFs) matched to the signal bandwidth in both the in-phase
(I) and quadrature (Q) channels restrict the- frequency bgnd
before the analogzig;digital (a/D) converters sample and
guantize the signals to digi;al words. These I-Q components
are treated arithmetically as the real and imaginary parts

of a complex number. Element signals are processed using

the fast Fourier transform algorithm to form multiple beams.
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* Each useful beam feqhires its own waveform matched filter
for rangé and Doppler processing. Thresholding determines
the presence of targets. - Fu;thef‘proceséing follows in the

-

data processor.

Waveform processing for range estimating can be performed
analog before beam processing as shown in Fig. 2.5. ,Doppier
processing would be performed digitally after beamforming.
Cne range-Dbppler processor 1is required for each beam
formed. Thresholding is done on each beam. -

h

2.3.3 - Signal Processing Requirements

Signal processing reguirements for multiple beamforming
vary with the number of antenna elements, geometrical co-
nfiguration of the antenna array (linear, planar etc.), num-
ber of Beams formed,-'and the system requirements for the

target detection. A typical design problem 1is considered

for the explanation.

This design example is similar to the one given for pulse
Doppler radar. For the pulse Doppler radar, we considered a
single heam only. .Here we assume that the number of beams .

1

is equal to the number of antenna elements.
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Design Problem:

Iet the Transmitted Frequency (£,) = 10Gz (x-bend)
Transmitted Wavelength (A ) = 0.03m

let the maximm anticipated target velocity (V) = 750 m/sec

Maximum Doppler Frequency shift . (fd)-'2V/A
| - 2 x 750/ 0.03

= 50 KHz

Pulse Repetition Frequency (PRF) 2 2 f 3
iet the PRF = 100 XKHz
Pulse Repetiticn Interval (PRI) = lOlusec.

X oo .
Iet the Range Resolution  ( r ) = 150 meters
Bandwidth of the transmitted pulse (BW) = c /2r
- where c¢ = velocity of light ( 3 x 108 .;n/séc)

N
(Bw) = 1 MHz

Hence transmitted pulse width- (T ) "= 1 usec
Number of Range Gates - 10 psec/l usec

= ’ lo
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If a two-dimensional array of .16*16 antenna elements are

used in multi amforming radar system, 256 beams in azi-

muth and eleyation directions have to be formed in each

range resolutiontime of 1 usec. Assuming that two 16 point

FFTs are used for/row and column transforms of the two-di-

mensional array of samples, sixteen lé-point FFTs are to be

o

completed in 1 usec, beckuse of pipelining of the data from

re
7

quired between the two FFTs. Therefore the maximum time al-

row to column FFT. . Of ouréé, matrix tfansposition is

lotted for eaéh_lB-point FFT operation is 62.5 nsec.

!\

2.4 SYNTHETIC_APERTURE RADAR

In this secﬁion, thé role of low order FFfs in Synthetic
Aperture Radar (SAR) is discussed. Synthetic Aperture Pro-
cessing is a signal pr;cessing technique to achieve high re-
' solution in the cross-range direction beyond that thch can
be obtalned wlth an antenna of flxed dlmen51on The princi-
ple.employed in SAR 1sAthat a large antenna (with low béﬁm.
width) is functionally eguivalent toy a small antenna (with
high beam width) that occupies 'several points of large an-
tenna in time. It is possible to synthesize a 1arger apar‘u

ture (high cross-range resolution) by collecting the data at

several p01nts and coherently integrating them,

When a radar is moving with respect to the object, it is

called SAR. When a radar is relatively stationary with re-

VO

”f
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spect ﬁo the object, it is inverse SAR (ISAR). Both employ
the Doppler principle in discriminating the moving objects.
A typical application of SAR is the ground mapping in which
an air—borng or a space-borne SAR transmits pulse of elec-
tromagnetic energy toward the ground. The time delays of
the reflected echoes determine the range. The aircraft or
the spacecraft moves in its direction before transmitting
the next pulse. Consequently the radar pesition is changed
for each pulse transmitted. &all the pulses collected in the
cross-range direction are correlated with a reference func-
tion to reconstruct a point target. Thus high resolution
two dimensioral (range and cross-range) ground reflectivity
variations are obtained. And the next step 1s to do image
processing of the data to form a high resclution picture of
the ground. - A typical geometry of SAR is shown in Fig. 2.6.
The signal' processing aspects of SAR are described " in the
following sectién.

~

2.4.1 Signal Processing Requirements

The signal processing reguirements of a SAR vary.over a
wide raﬁge depending upon the specificétions of a particular
problem., In any case, the basic operation jnvolved is a
two~dimensional corrélation of the samples received by the

radar. The radar return echoes can be modeled as multiple

convolved signals due to the point target field (refiectivi-.

ty) and due to the finite beam width over which the pulse is
.S

>4

s
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transmitted. To recover the point target field, it is ne-
cessary to multiple correlate the return echoes with appro-
priate impulse résponses in the range and 1in the cross-
range. Thus one-dimensional range correlation followed by
another one-dimensional azimuth (cross-range) correlation
completes the SAR processing.

-y
There are several ways of implementing the two-dimension-

al ﬁorrelation operation which include a direct two-dimen-
sional correlator or two one-dimensional correlators to pro-
. cess the data in each dimension. Furthermore, each
correlation operation can be realized in the time domain
(transversal-filter abproach) or in the freguency domain
(FFT approach). The choice of each of the methods mainly
depends on the hardware comple%ity and the data throughpdt
rate requirements. Power consumption and cost of realizg-
tion are also important factors. For‘high data throughput
rate applications, FFTs are preferred. The required data
throughput rate depends on several factors including range
resolution, azimuth resolution, range, range-swath, tran-
smitted frequency, pulse repetition frequency, receiver
bandwidth, antenna size and aircraft velocity. In the fol-
lowing discussion,‘ a typical design problem of airborne SAR
is considered, inorder to explain the SAR signal processing

requirements.




Aircraft Velocity (V)

Aircraft Altitude (h)
(£)
Anterna Squint Angle ( ¢ }

Transmit Freguency

antenna Iock Angle

7

{e)

Range (R)
Range Resolution (R)
Pzimith Resolution (R
Range Swath (RSM)
Design Procedure:
Number of range ¢ates ( Nr)
Antenna Beamwidth ( 0,

GBW-_-

'mepﬁnarydesignparaxxetersofanairborrseSARax"‘e

1l

The specifications of the terrain map

35
»

350 meters/second

10 Em

15 &z
0

90"~

30?

Range Swath

2400/5 =

‘Range Resolution

480

{st sin 8/R}
2400 x sin 30° /20000

0.06 rad

A/L  where ) = wavelength and L = antenna size

For 3=0.02 m, L = (0.02/0.06) = 33.33 cm

The -pulse Repetition Frequency (PRF) fr should be greater than or

equal to the maximm Doppler frequency shift to avoid ambiguities.

PRF(fr) 2 2V/L

Z 2 x 350/0.33

2100 Hz
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Iet the PRE (fr) = 2200 Hz

Interpulse Period (T ) = 454.55 usec

Iet pulse compressicn ratio (time-bandwidth product) ( & ) = 32

_.Range Resolution with cut pulse compression ( ér) =32x5

Eaig

= 160 m N
uncorpressed pulse width (T, ) = {2 Cos 6§/ ¢
where ¢ = light velocity 0 . 8
= {2 cos 30" 160/{3x 1071}
= 0.9237 usec
camressed-pulse width (1) = T, /8 = (0.9237/32)

0.0288 usec

~
LN

Doppler filter Bandwidth ( £

g )

{2 R V/0R) Sin ¢} ‘

10 x 350/(.02 x 20000) Sin 90°

= 8.75 Bz
Coherent Integration Time ( tc ) = l/i:'(_:i = 0.1142 sec
Number of samples/range ‘gate = RM(R, )2

20000 x 0.02/25

= 16
The mumber of samples of 16 and the time duration of 0.1142 sec will
result in the mmber of samples/second of
£, 0= 15/0.1142 = 140 samples/second

 Since the PRF of 2200 Hz is considerably larger than fs, the input
signal should be prefiltered and sampled at a rate of 140 samples per

second.
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2.4.1.1 Range Processing Requirements

-

The processing of echo returns from 32 range cells has to
be completed in 0.0288 usec which is egual to the compressed
pulse width. In otherwords, range correlétion for each
range cell is done on the echoes from 32 range cells, that
is; 16 on either éide of the rangé cell of interest. Hence
the total .time required for performing 480 range correla-
tions is 13.85 usec. Since the inter-pﬁlse period is 454.55
usec, a PRF buffer can be used to reduce the data throughput

rate required.

2.4.1.2 Azimuth Processing Reguirements

The azimuth - - correlator has to process the echo returns
from each range cell separately. Each range line has 480
range cells. Therefﬁre 480 azimuth correlations on 16 sam-
ples each have to be completed within the time the antenna
is displaced in position}by azimuth resolution, 14.28 msec.
Since this time is much longer than the inter-pulse period;
a prefilter can be introduced before the azimuth correlator
to reduce the sampling rate and hence the throughput rate
requi:emeﬁts. In-the next section, the proposed SAR Proces-

sor configuration is described.
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2.4.2 SAR Signal Processor

A possible method of realizing a high speed SAR Signal
Processor to meet the data throughput rate requirements is
described in this section. The simplified schematic of SAR
signal processor is shown in Fig. 2.7. The architectures of
Range Data Processor and Azimuth Data Processor are de-

scribed in the following.

2.4.2.1 Range Data Processor

The Range 'Data Processor essentially consists of a PRF
buffer and a correlator. As described earlier, the total
time for processing one range line (480 range bins) is 13.85
usec. Since the interpulse period is 454 usec, the proces-
sor becomes inefficient because it is idle for 440 usec. It
is possible to ease the data rate requiremehts of the pro-
cessor by using a PRF buffer. The PRF buffer serves simply
to stretch the occurrenceof A/D output samples from each ra-
dar pulse over the time interval available between subse-
guent pulses. In other wogds, it is possibie to extend the
processing of 480 range-binldata over 450 usec. Herice the
correlation of 32 range-bin data hés to be completed in
0.9375 usec. The FFT based Range Correlator is shown in

Fig. 2.8.
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The range correlator can be realized in the form of a FPT

1 »

based matched filter. . Input data is converted to frequeﬁcy

samples by the forward 32 point FFT. The results are multi-

plied by the frequency samples of ¥h9 reference function.
And finally, an inverse 32 point FFT is used to convert
these samples to time domain samples. Overlap-save approach

is used to. complete all £he,range correlations. e T~

Forward and invérse.FFTs and intermediate multiplications
have go be completed in 0.9575 usec.. It is possible to ease
the data throughput rate requirements by pipélining the data
through the stages of the forward FFT, *“intermediate multi-

plier and the inverse FFT.

2.4.2.2 Azimuth Data‘Pngég;or -

-

The major elements in the Azimuth Data Processor are azi-

wuth prefilter, a two-dimensional memory, and correlator.

The azimuth prefilter serves to reduce the Doppler bandwidth

(and hence . the azimuth sampling rate) to the minimum re-

quired for the desired azimuth g%solution. The PRF of a

system must initial}y be great .. gh tec unambiguocusly sam-

. f )
ple the Doppler bandwidth associated with the illuminated

beamwidth, which is often greate an that needed to obtain

the desired resclution due to antenna physical size and/or

antenna‘:iiiiiizggsign constraints [44]. The azimuth pre-
filter s thus a lowpass filter capable .of outputting sam-

ples at a lower rate than the input.

e
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A 0.33 m antenna can produce a wiée enough Doppler band-
width to give a 0.165 m resolution in azimuth [45]. Since
our desired azimuth resolut{gn is 5 m, only (1/32) of the
bandwidth-need be processed. Th§s the prefilter output con-
sists of one range line of data for every 32 range lines of
input data. It-is possible to improve fpe azimuth resolu-
tion upto a maximum of 0.165 m, by(increasing the prefilter

output rate. -

Since the azimuth correlator must perform repetitive cor-
relation in the cross-range dimension, it must have simulta-
neous access to a number of .azimuth samples in each range
céli; .This requirement implies a need for a two-dimensionall
memory containing all range samples in one dimension, and a
minipum of alil samples‘in\é synthetic aperture interval in
the.orthogonal dimension. ‘

.As shown in Fig. 2.9, thel range correlated data is se-
guentially stored in. o-dimensional mémo;y. After eacg“
range line (480 range correlated samples of data) is stored,
the data is -shifted right, énd the data of the hext range
line is stored. " After the accumulation of 16 range lines of
data in the two-dimensional memory, the data has to be read
16 samples at a time from each range gate for azimuth corre-
lation. * After léll the cbrrelatiqns (480 azimuth cor{eia-
tiops) are eompleted, the data is shifted right to accomo-

date a new rangeline, Therefore for each azimuth
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-

correlation, a new range line and-}5 old range line informa-

tion have to be used,

As mentioned earlier, 480 azimuth correlations have to be

completed in -14.28 msec. Each azimuth correlatigp of 16
samples must be completed in 29.75 usec. The azimufh corre-
lator is shown in Fig. 2.10(a). This is similar to the
range correlator of Fig. 2.8. Since the azimuth data pro-
cessing reguirements are not severe, ‘ifc is possible to
timeshare a single 16 point FFT for both forwa'd and- inverse

transforms as shown in Fig. 2.10(b). Since the 1mu£h cor-

relation is range-dependent [46], the complex reference

spectrum has to be updated for each range-bin processing. .

The final'stage iﬁ SAR processing consists of image de-
tection. . Either (12+ Qz)or (12+ QZ)%must be computed using
the complex (inphase and quadraturey components of the sig-
nal samples, depeﬁding upon whether an intensity or magni-
tude image is required. y

It is clear that éll-the above radar systems require .very
high throughput rate processors for realtime signal process-
ing. A study of finding high speed-special purpose hardware
architectures,dsuitablé for these variety of signal process-
ing'applications is necessary to find cost -effectiye solu-
tions. Such methods are proposed in the forth coming chap-

ters.

[T, P >"¢‘
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_Chapter III

.

FFT PROCESSOR REALIZATION BY MEANS OF STORED-
: PRODUCT ROMS . _ ~

o -0
3.1  INTRODUCTION

.

The principles of realiéations of the fast Four%ef trans-
form processor using stored-product ROMs are described in
this chaptér. For the realization of digital‘filteré; mul-

tipliers using Read-Only-Memories in either distributed ar-
ithmetic {47] or Stored-Product ROM form [48] have been re-
ported. Multiplication by the gtored-product ROM, an
essentially parallel method of multiplication, is advanta-
geous in terms of high speed, no coefficient quantization,
and no coefficient storage. It 'is found that stored-product
ROM concept 1s well sui£ed for the FFT realization because

of constant coefficients used.

Review of the basic FFT algorithms for radix-2 éna ra-
dix~-4 structures 1is given in order to find <£he arithmetic

computations needed. The stored-product ROM technique of

e

multiplication is outlined. The basic processing blocks,
called the Arithmetic Processing Elements are described.
This is thesrange of structures from which the l6-peint FFT

realization will have to be chosen.

_'45.-

M
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3.2 REVIEW QOF FFT ALGORITHMS

The derivation of the radix-z. and radix-4 algorithms'a;e
well described in texts [49,501. In this section, the sig-
nal f{gﬁ graphs for radix-2 and radix-4 algorithms are de-
scribed. The radix-2 butterfly computation involves  one
complex multiplication and two complex additions [50]. Each
complex multiplication involves four real multiplicaﬁions

~and two real additions. Each complex addition is eguivalent
to two real additions. The numﬂér of butterflies 1is the

same for decimation-in-time (DIT) and decimation-in-frequen-

cy (DIF) algorithms. Thé choice of the algorithm depends on

the length of the sequence (N), because finite wordlength

effects such as scaling and preoduct round-off for ‘both DIT
.and DIF algorithms are dependent on the length, of ‘the se-
guence [51]. In our further discussion, we consider the de-
cimation-in-time algorithm only. A similar digcussion is
valid for the decimation-in-freguency algorithm, For an N-
point ragix-2 decimatign—in-time algor{thm of (logzN) stag-
es, the number of butterflies is given b?\I(N/Z)logzNJ. For
a 16-point radix-2 DIT FFT (Fig. 3.1), there are no nontri-
vial multiplicgaions reguired in the first two stages. In
the third and’fourtﬁ-stages, there are multiplications due

to the twiddle factors wl h% W? W? Wé and W.

 Fig. 3.2 (a) 555@5 a signal flowgraph for a raéix-& 16

point DIT FFT algorithm. The number of stages in a radix-4

i 'Wp
/ —

e

”
”»
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\
FFT algorithm is log,N, and. the number of butterflies is.

(N/4).log4N. The butterfly diagram for the samples
X(0),%(4),X(8) and X(12) is given in Fig. 3.2 (b). The sam-
ples 21(0),31(4),Xi(8) and Xl(l?) are the oufputs of this
butterfly. The expressions given below describe the radix-4
operation. All the input samples are assumed to be gcmplég-

valued. ~

X' (0)=X(0)+£(8)

X' (4)=R(4)+X(12) \
X'(8)=x(0)-x(8)

X' (12)=x(4)-%(12)

kl(o)=x'(0)+x'(4)

X, (8)=X' (0)-X" (4) -
%,(4)=x"(8)+x' (12).w*
xl(12)=X'(8)—X'(12).w4

* where W=exp(-j2p/N)

-

xl(0)=x(0)+x(8)+x(4)+x(12)
X,(8)=%(0)+x(8)-%(4)-%(12)
%,(4)=2(0)-X(8)+t3) [X(4)-X(12)]

X,(12)=X(0)-X(8)+3[X(2)-X(12) ] . -
x;(O) = %(0) + E(4) + X(8) +X{12)

x.(8) = X(0) - X(4) + X(8) - X(12) k-
xl(4) = X(0) - j.X(4) - x(8) + j.X{(12)

X,(12) ="X(0).+ j.X(4) - X(8) - j.X(12)



The number of non-trivial multiplications in the rad{x-4
algorithm is 8 as compared to 10 1in the case of radix-2 al-
gorithm. In the radix-4 algorithm, the butterfly computa-
tion is performed on four complex samples ;t a time. Hence
in serial processing systems, a radix-4 FFT processor works
twice as fast‘as a radix-2 FFT processor. In parallel pipe-
line radix-2 and radix-4 FFT processors, the d;ta throughput
rates will be the.same, bBecause all butterflies are real-

-

ized.  The complexity of radix-4 algorithm is comparable to
4

that of radix=2 algorithm. The details are given in chapter

Iv.

3.3 MULTIPLICATION BY STORED PRODUCT ROMS

v

In software as well '‘as in hardware digital system imple-
mentation, the coefficient and signal values are both quan-
tized by rounding or truncation. But there is an important

difference in performing a multiplication with a digital

——

multiplier or with the stored product ROM technique. For a

digital multiplier_ (Fig. 3.3), the output is the truncated
: ) -
or-rounded product of the input signal represented by stits

~

and of a coefficient represented by Lcbits.

An important problem then is to choose the coefficient
wordlength L as short as possible to minimize the hardware
complexity and.simultanesusly as long as possible to minim-

ize .the perturbations introduced in the transfer function.

~ ’ 50
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For stored product ROM multiplicatioﬁ the coefficient
;brdlength can ‘be very long compared .to the signal and pro—\
. ,duct wordlengths and this reduces the requirement for find-
ing structures of minimal-sensitivity to coefficient word-
length. 'For the FFT, procedure for multiﬁlication with )
stored product ROMs requires that all possib}é products of
the input signal of length L, bits are EalculateqL_ghich cor--.
respond to a c¢oefficient (twiddle factor) of-Lc >> stité,
rounded to L, bits and~“stored in the ROM for that twiddle
factor. The ~proceduré used'for the computation of these

products is shown in Fig. 3.4.

As the computer accuracy allows LE>> Lé' the coeﬁficient
guantization effect' is hereby reduced to an arbitrary low
level. This method has been used, as the -FFT is ideally
“suited to the ROM multiplication for constant coefficients

and with I, in the order of 8-16 bits.

3.4 ARITHMETIC PROCESSING ELEMENTS

3.4.1 Adder Unit (Radix-2):

The.Aader Unit {(AU) shown in Fig. 3.5 consists of two
parallel adders and two"parallel subtracters. This AU takes
two complex input sémples and performs complex additions/
subtractions and givés two complex output‘samplgs. The AU
processing time is efféctively the time for one parallel ad-

dition or subtraction.:
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.3.4.2 ROM multiplier array (radix-2)r-

-

-

When there is a multiplication required, stored-ﬁroduct-

ROMs are used. The real and imaginary parts of-one of the-

~y

two complex input gamples address separately these ROMs to
gef products of the real and im&ginary parts of the input

sample and cosine and sine values of the twiddle factors se-

\\“ﬂ-_,ggzigglé and these are added and subtractea to gef complex

-

product. A typical ROM .muliiplier configuration for the
twiddle factor W2is shown in Fig. 3.6. Similarly the multi-

plication'by the twiddle factors W W w W .-and W for the

16 point FFT can be realized with additional ROM afrays.

3.4.3 Adder Unit (Radix-4V: ‘-/’//n

<

The AU as shown in Fig. 3.7 consists of eight parallel

adders and éighf parallel subtracters. This AU takes four

complex 1input samples and performs complex additions and

subtractions and gives four complex output samples. The AU

processingftime 1is efféctively the time  requirdd for two
: ‘q 5

parallel .additions or subtractions.

3.4.4 'ROM multiplier Jrrqz (Radix—4):f
/ A ‘ v

/
This ROM multipliér arrgg consists ) of 12 ROMs for‘pef—
forming three complex multiplicatfoné.;n each radix—-4 but-

terfly as shown in Fig. 3.8 This Figure specifically i1-

¥

. lustrates the complex multiplicatjons for the samples X7 (5},

A e
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_ 81(6), and xl(7). Similar configurations exist for multi-

plications of the other samples 31(9), Xl(IO), {fll):_ and “

(13}, §l£14), ¥3(15). ° The multiplication time includes ROM

access time and addition or subtraction time to get the com-
. M - \..' ’
plex preduct. If we assume that ROM access time equals adQ/‘

\

dition or subtraction time, then complex multiplication time;

is twice the addition time. : c. ' N
The properties of the radix-2 and radix-4 FFT algorithms
ﬁave Been‘reviewed. The application of the stored product
ROM concept to the realization of FFTs has been considered:
The basic 16 point FFT processing blocks have been de-
'scribed. These arithmetié'proéessing elements act as build-
o« ' ’

ing blocks in realizing low order anthigher order FFT pro-

cessors as will be explained in the next two chapters.

n

~

LR )



. : " Chapter IV .

HIGH-SPEED LOW ORDER FFT PROCESSORS

4.1 INTRODUCTION

~

Two methods of realizing real time low order FFT proces-

>\ sors are considered in this chapter. (1) serial Pipeline

FFT and (2) Parallel Pipeline FFT. The term lpipeline' is
commonly used in modern signal processing terminology. Let
us assume a signal processing requirement, where a s%milar
arithmetic opération is repetitively pe;formed several'times
in order to complete a given task. A single piece of hard-
ware may ,be timeshared to perform all the similar opefa-
'tiéns, or many identical a}i;hmetic elements may be used to
perform eabh'opefation.'. A-compromise of these two extremi-
ties is to u;e more than one hardware unit but less than the
maximum number of.arithmetic units. The .data flow between
successive hardware units in different stages is fixed.
Consequently the data for some arithmetic elemeqt§ depen@ on
the result of previous arithmetic operations.” If the aata
enters serially and few hardware units are processing the
samples one after- another, the hardware-unit in the first
stage -does not have ro complete the whole processing befofe

sending its results to the succeeding wunit in the next
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stage. In ofher words, the data transfers through the hard-
ware elements in a pipeline fashion djust as in a‘pipeline'
where fluid is t:ansferred.through displacement. This is

called Serial Pipeliné FFT.
. ) o

In alParallel Pipeline FFT, the data enter and leave the
processor wholly in  parallel, but in a pipelined way'from
hardware element to the succeeding element. In this chap-

ter, we describe "hardware realization schemes for both seri-

~al pipeline and pafallel pipeline -mefhods. Each method is

.considered for both radix-2 16-point F?T. and radix-4

lG—ppiﬁt FFT algorithms. Hardware complexity and data-

throughput rate comparisons are given.

4.2 SERIAL PIPELINE FFT PROCESSORS

A method of realizing a special purpose FFT processor
Ehat can perform digital spectrum analysis of wideband radar
signals was reported [52]. Due to the nature of the data

flow in the FFT processor, it was called pipeline FFT, in

r

- which the data was fed continuously {serially) to the pro-

. E i
cessor. The processor consists of several 1identical pro-

cessing blo

(or more) per ;tage of the FFT, working
in parallel to aéhi ve. high data throu;hput rates. The
principles of the operation of radix-2 lé~point serial\pipé‘
line FFT and‘radix-4 l6-point serial pipeline FFT préées~
sofs,.witﬁ‘their respective timing diagrams are described in'

detail in this section.

-
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4.2.1 Radix-2 Serial Pipeline FFT Processor

In the lé-point rédix—z serial pipeline FFT configuration

—

(Fig.4.1), the input sequence .is sequentially stored in the

input buffer memory . The input buffer memory is divided

into four blocks, each consistg?g of 8 memory locations.

Once the memory blocks (a) and (b) are filled, further in.

coming samples will -be stored in the memory biocks (¢) and
{d). The AU in the first stage takes two samplegfat a time
from the memory blocks. (a} and (b) and perform;:the neces-
sary additions/gubtractions and then delivers the output to
the next stage. Then the AU takes the second pair of sam-
ples and processes.them. This procedure'repeats until all
the eight sets of two samples each are pqufséed; Then the
first stage AU starts the pfocessing of the next set of 16
samples from the memory blocks (c) and  (d). -During this
time the memory blocks {(a) and (b) are filled with new sam-

-

ples.

The AU of the second stage does not have to wait till all

’ . . 3
the samples in the first stage are processed. In a pipe- -

lined archiﬂecture, the data flow is controlled such thét
the AU in the second stage begins }ts éperation even if not
all the samples aré .progcessed in the first stage. Similarlf
the proc;ssof begins its operation in the_ third apﬁ fourth
stages before the completion in. the second and third stages
respectively. This procedure becomes clea} with the help of

a2 timing diagram.
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However due to ;he extra delays involved in the multipli-
cation and to 'achie;e the same data throughput rate at 1
'stages of the processor, an extra AU 1is included in“the
third and fourth stages of the processor. The reguired num-,
ber of RQMs is reduced due to the symmetry of the twiddle

factors in the Z-plane as shown in Fig. 4.2,

_In the third stage, a‘single mﬁltiplier (ROM) configura-
tion (for the twiddle factor W) is réquired. In the fourth
stage, three separate ROM confiqurations (for the twiddles
w% ﬁ% W) are requirgd.Qpé>s.shown in -Fig. 4.2, mplfiplica-
tions by ws, WG, W7 are n ing but multiplications by W oW W
respectively with some modification 1in the input connection
to thewAU (due tc the term -j). Consequently separaté ROM
configuratioﬁs for ﬁi di ﬁ7 are not reguired, There are no
effective multiplications invelved in the butterfly calcula-

tion in the first and seqond.étages.

4.2.2 -Timing diagram for l6-point radix-2 FFT

The-8etailed description of data flow operations in each
stége of the lé-point rgdix—z decimation-in-time FFT is giv-
" en with the- help of a timing diagram. The timing diagram
'gives an estimate of total processfﬁg delay, and processing
delay at each stage. It is also useful in interpreting whe-
re the arithmetic operations take place with respect to the
location and hence time. The exp*gnation is given for each

stage'of l6-point radix-2 FFT.

akda s
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3 where W = exp{-j2+«/16)
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Representation of 16 point FFT Twiddles
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The;éomputational clock timing séquenée'is shown in a di--
agram{Fig.4.3). The digital ICs in the procéssor will res-
pond to the leading edge of the clock pulse.. The interval
between the leading edges of two successive clock pulses 1is
equal to the sampling interval of thé input signal. In' the
case of radix-2 serial pipeline FFT, the processor architec-
ture is organized such that two samples are processed at a
time. It is also .assumed that the ROM access time is equal
to the parallel addition time, so’/;hat the data flows
through the hardware elements to maximize the efficiency of
the processor. Hence the processbr speed 1s entirely deter-

mined by a single addition time (or ROM access time) whikh

leads to an optimum data throughput rate.

4.2.2.1 First Stage

At the start (leading edge) of the first’clock pgise, the
adder unit (AU) in the first stage takes the compiex samples
X(0) and X(8) and performs complex additions/subtractions
and g{ves the output just befoge the stéft of 'the.éecond
clock puisel“ In -the timiné diagram tﬁe latch time is not
shown explicitly, but the addition time includeg fhe latch
fime also. At the start éf_the second clock pulse the AU
takes samples X(1) and X(9) and the process ?epeats till all
the pairs of samples ake_processed. This héppens at the end
of the eighth clock interval. At this point, the processing

in. the first stage is completed. ¢
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- 4.2.2.2 Second Stage -

—

- \ r
Because ©f the pipelined architecture of the processor

and its predetermined control mechanism, the processing of
the samples in the second stage begins even before the com-
pletion of.the processing of the same sémples in fhe first
stage. All the output samples.of the firsé stage are sub-
jected to some time delay as shown in the block diagram of
pipeline FPT. After switching kFig.4.4), ‘the sequence of
the samples changes. The AU in the. second stage will start
proées§ing at the leading edge of sixth clock pulse, because
the samples X(0) aﬁd X(4) will’be available at the first
. stage output after only five c¢lock intervals. The numbers
~ that are shown {n the time blocks in the timing diagram
‘represent the correspoﬁding samples. The processing in the

second stage is completed after thirteen clock intervals,

4.2.2.3 - Third Stage ., \’>

The second stage outputs are subjected to En appropriate
time delay and switching. _ The samples X(0), ZX(1),.....
X(7) in the third stage are not to bé multiplied. The sam-
ples X(8), X(9),....., 2(15) require multiplications by the
twiddle factors Wzand Wﬁ The AU in ﬁhe‘third'stage stagts
processing at the beg@hning of ninth clock pulse, because
the samples X(0) and X{(2) are available at the §econd stage

output only after the eighth clock interval. The procedure
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Areéeats similar, to epe one in flrst and second stages, Dbut

/
1t differs at the Beglnnzng of the thzrteenth clock pulse.

The real ané imaginary parts of X(10) address the ROMs to
get the broddcts, é d these products are added dur tng the
fourteenth clgck'ipterval. . Now the AU takes the real and
imaginary parts}of x(8), - tpatcgare lat;hedddurihg the thip-
teenth.and four;eenth clock intervals, and the twiddled re;
sult ot,X(lO). ;Sg; three clock intervals are requ1red for
the processing of samples x(8) and x(10). The~sample x(ll)

can address the ROMs at the:beginning of fourteenth clock

‘pulse and tﬂis pipelining conéinues £ill the end of eigﬁ—

teenth clock interval.” In<Jthe first and second stages,

eight sampling intervals are reguired for complete process-

ing, whereas.in thé€ third stage, ten sampling intervals are

1 .
needed. The dotted dines represent the processing of the

next set of 16 samples. The AU in the third stage f?*sg\;

posed to take the next set of samples at the seventeenth
clock pulse. But the AU is ineolved in processing the sam-
ples %(12) and X(14) durlng that instant. During the eigp—
teenth clock “interval 1t is engaged in proce551ng x(13) .end
X(lS).‘ Thereﬁore to 1ncrease_the speed of the processor an
extra AU'shoulé be dncluded which takes the ne%LYEet of sam-

ples at the.beginning of:sevengﬁeﬁth clock pulse.
.0 - - . '
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4.2.2.4 Fourth Stage

Here the samples;X(b),....., X(3) do not require multi- -

pliqationa. ~Multiplications are required for the samples

-K(S), Xf?), X(9), i(li), X(13), and %(15). The ;rocessing
of samples'ﬁ(4l,...;., X(7) is similar to the processing
the.sampleg X(Ss, eeee., X(11) of third stagé. It is ;ﬁ-
pected that processing of X(8) and X(9) begins at the start

of the fifteenth clock pulse, but it is not possible because

the samples X(8) and X(9) are available only at the end of

fifteenth and sixteenth clock intervals respectively. So,

‘thé processing of X(8) and X(9) begins only at the start of

seventéenth clock pulse. After that the - procedure is
straightférwa:ﬁ. Again the p;oces;of requires an extra AU
;t the fou:th.Stage.“j By the end of twenty-second clock in-
‘terval the four-stage processing of the first se’lof 16 sam-

ples is cbdb;eted:

If the clock time is-100 nsec,. 1t takes 2.2 usec to get

the first 16 point spectrai frame, there after, for eéerf

-

0.8 usec a sﬁectral frame will be available at the output.

-
e
—r——

N .

4.2.3 Radix-4 Serial Pipeline FFT Processor
\ 4

-

The principle of operation of radix-4-serial pipeline FFT

is similar to that‘of rad¥fx-2 serial pipeline FFT processor.
L ]

Sl

Fig.4.5 shows a block diagram of the radix-4 pipeline FFT.
. ‘ ' .o
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It is of . the same general form as radix-2 FFT but each of

the basic elements (delays, commutators and hutterflies) are

now geared to radix-4 op?rations. Thus the radix-4 butterf-

ly performs three complex multiplications and eight complex
additions. The” commutator is a four input, four output
switch and there are delay elements in three o{t the fout

parallel~lines’in the system.

- Here aéain, due to the symmetry of the twiddle factors in
the Z-plane as shown in Fig. 4.2, a single ROM multiplier
array can be t%meishared.to perfdrm all the necessary multi-
plications. .;ROMs for‘the twiddle factorsvw% W% W are re-

<

"
quired. However due-to the. simultaneous multiplications of

the samples X(9) and X(1l) by w’and W an additional set of
. K.\ .-

four ROMs for the twiddle factor Wﬁﬁs required.

®

4.2.4 Timing diagrgm for l6-point radix-4 FFT A

We describe the operation of 16 point radix-4 DIT FFT _

with the timing diagram of Fig. 4.6. The description. is
given for tﬁE two stages of the rad{x—4 FFT. The computa-
tional ciock sequencé is shéwn in:the timing diaggém. In a
16 po%nt'radix-4 FFT, there are no mu%pipiiégtions in the
first stage ané two stages of additions/subtractions.are re-

quired in the adder units (AUs).. - ‘Thus_the AU operation re-

&

‘quires two clock intervals. . The detailed description of |

each stage operation is diven below.

* : -
. '
.
/2 | | -
. .
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4.2.4.1 First Stage

b . ' - h -
At the séart (leéding edge) of the first clock pulse,. the
AU takes the samples X(0), X(4), %(8) and X(12) and performs
.additions/subtractions. This process requires/two clock in-

tervals? T&n the ffigure it is shoLn that th

samples X(Ok,

X(4), X(8) and X(1Q) are processed in the firsk stage by the

end of second clock inte;qal. The AU can take t e'nexthset
of four samples, X(i), X(5), X(9) and X(13) .at the beginning
of sécond clock pulse, 4&ﬂ¢ause of thk two stages of indepen-
dent additions and subtractlons 'in the AU and it is possible
-to control the data flow in a pipelined fashion. The six-
' teen adder/subtracter units in AU are arraqged in two co-
lumns (Fig. 3.7) of eight units each. So, once the data is
processed by the first .column adders/subtracters' then the
first column adders/ sth;acters can take the next set of
four samples. That is the reason why it is shown- in the
timing diagram the processing of * samples X(1), 5(5), X(9)
and %(13) begins at thq-skart of the second clazk\pulSe.
This pipelining dpefation continues till th; end of fifth
clock interval. At Sttt insfant, the processing of the
first set ofalé»samples_in éhe first stage ‘is compieted.
.= | |

. . &
4.2,4.2 - Second Stage ' B e

”»

.-,

The first stage outputs are subjected to anMappropriate *

time delay as shown 1n the block: diagram of radix-4 serial
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pPipeline FFT and after switching (Fig.4.7), the samples ap-

pear in a different sequence.

At thelbeginning of sixth clock pulse, the AU starts pro-
cessing 'the samples X(0), X(1), %(2) and X(3). _The samgles-.
X(5), x(6), X(7); X(9), X(10), X(11); and X(13), X(14) and
X(15) require multiplications by thé twiddle factors. The
'pProcessing of X(4), X(5), x(6) ,ard~#(7) begins during the
'seventh clock interval. As shown in Fig.4.6, the reai-and
iqgginary parts of X(S)Q X(6) and X(7) address the ROMs dur-
ing the seventh clock interval. The first bl of time
(separated béia dottéd line) in the second stdge except for
‘samples X(0), X{1)}, X(2) - and X(3) represents ; ROM access
time. The broducts available at the outputs of ROMs are ad—
ded/subtracted during eiéﬁth ¢clock interval. By the end of
eighth clock‘interbal, the complex products of samples X(5),
X(6) and X(7) andlthe corresp&nding twiddle factors are
available. Now . these product terms and the sample X(4)
which is latched during the’ seventh'and eighth clock inter-
vals are applied to the AU'at the beginning of ninth clock
pulse. . Since the AU operation requires two clock intervals,
the samples X(4), X(5), x(s6) and X(7) are processed com;

pletely by the end of tenth clock interval.

The processing of X(8),  X(9),..... » X(15) 1is- dene as

shown in the diagram. .Again the data flows in a pipelined .

way. So, by thé end of twelfth clock interval, the twd

T; /o

-

- P i _-«
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stage pr%cessing of firsé set of 16 samplés is completed.
The dotted lines in the diagram-represent Eie‘procegsing of
the next set of 16-samples. In the first stage, the adders/ .
subtracters in the first column of the AU are free by the
end of fourth clock intefval.‘ So the first columgzof AU ad-

ers/subtracte;s can\ziﬁe xX(0), X(4), x(8) and X(12) from the

next set of sixteen samples at the beginning of fifth clock
pulse. _‘;

it is expectéd that *he second stage procéssing of the
second set of 16 samples begins at the start of tenth clock
pulse. However the samples X(0), (1), X(2) and X(3) are
shifted till the end of Zeleventh clock interval. The AU
stérts processing these samplss at the Dbeginning of the
twelfth cléck pulse. The reason for shifting X(O{, k(l),-
X(2) and X(3) " 1is that these samples require AU operation
only but the AU is engaged during that period (tenth,. ele-
venth, and twelfth clock -intervals) in progessing X(8),
X(9),..... . X(15) of the previous set of 16 samples. Howev-
er, the adders/subtracters in ;He first column of the AU.are
free by the end of elevénth clock_intervalf So, the AU can
start processing X{0), X(1), X(2) and X(3),.ofrthe next set
‘of 16 samples at the beginning af twelft£ clock pulse. The
rest of the processing of the next set of siitéen samples}&s-

. PN

‘same as. that of first set. So in the gecond stage an extra

AU is not required for the radix-4 serial pipelined realiza-

tion. . .

1
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4.3 -PARALLEL PIPELINE FFT PROCESSORS

Ly

In a serial pipeline FFT, a minimum of one bﬁtterfly unit
and a maximum of two butterfly units per stage of FFT have
been used. In general, a single unit is timeshared to per-
" form ail the butterfly operations in a FFT stage. 'If all
the butterflies are realized separate;y and the data enter
the processor in a parallel fashion and transfer to the suc-
ceediﬂé'sﬁages iﬁ a pipelined 'way, maximum daﬁa throughput
rates can be achieved at the cost of increasing hardware
complexity. This type of realization 1is named parallel
pipeline FFT. This approach is not preferable for higher -
order fFT processors because of the drastic increase in com-

plexity, but is well suited for low order (N < 32) FFT pro-

- .
s

cessors. In this section, we describe Rwo realizations, (1) -

radix~2 l6-point FFT, and (2) rédix;4 l6-point FFT.

4.3.1 Radix—-2 Parallel Pipei;;e FFT Processor

In a‘r;é{x-z DIT parallel pipeline FFT (Fig.4.8), the ar-
- 4

. ithmetic ‘operations in each stage can be performed simulta-
. . N \ ’ * v y
neously with dedicated AUs for EEch/;equired operation. The

numbq‘ of butterflies in a 16 point radix-2 FFT is N/2 logXN. o
For N=16, this numberfis.32. So this‘proqesSor consists

of \B2 separate AUs, including'4 seéafate ROM configurations -

in the thinmd stage and 6 separate ROM confighrations'in-the

-

‘fourth stage. Each stage is separated by an interconnection
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network connect the outputs of each stage to the 1nputs

of the succeedlng stage in’a well deflned manner. as shown in
f

Fig. 3.1. - A few.shift reglstgrs (SRs) are del1berately‘1n-

troduced in.the third and fourth stages to delay the samples

. that do not require,nultiplicationé. This is to ensure that

.-

al; the samples are available at the output siﬁuitaneously.'

The processor reaas 16 complex samples‘from the .input buffer

memory durlng the first clocﬁs pulse and, after processing,

writes the results into the output buffer memory during the

ninth clock pulse. Though this configuration demends more

hardware, it can .operate at” extremely \higp input clock

rates. It requires very simple control circuitry compared

to the serial pipeline cogfiguration._ Eurtherﬁore, it does

not require a separate bit-reversal operation at the output,

because the output terminals can be routgd such that they

are written in the memory as normally ordered outputs.

Another method of parallel p:pellne FFT implementation is
based on decimation-in-freéquency (DIP) algorlthm (Fig. 4. 9)~

In a DIF algorithm, multiplications are dlstrlbuted in the

-
-

. > .
earlier stages of the FFT algorithm. _Thliglmpieme_tatlon-ls‘

shown in Fig. 4.10. ' . . .ot

- -~

- -

4.3.2 Radix-4 Parallel Pipeline .FFT Processor ’:.' . —

A realization of the radix-4 parallel plpelzne FFT pro-

“cessor-is shown in Fig. 4.11. There are elght butterflles 5

*

&

PR
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of increased complexity, capable of dealing with 4 complex :

-

gputs at a time, as compared to 32 butterflies for radT;-z
case. Instead of timeshariﬁg a single-AU and a ROM array
multiplier .as in a serial pipeline FFT processorl here a se-
parate AU -for each butterfly and three separate ROM array
multipliers, similar to the one shown in Fig. 3.8 are uged.
The.édvantéges -of fully implemented radix-4 FFT prbqgésor
are same as that of radix-2 FFT.

» -

_The ls-poiné radix-4 DIF algorithm 1is identically the

>

;?isame'as the DIT algorithm. In the case of DIT algorithm,

multiplications take place before the éec;:h stage AU opera-
‘tions whereas for the DIé algorithm multiplications take
place after the first stage AU operations. Since there are
only two stages in a 1l6é-point radix-4 FFT, the algorithm
structure is effectively the same for both DIT énd DIF cas-
es. Hence a separate figure is not shown for the parallel

pipeline DIF FFT. However, this identity is not applicable
for N =2 64.

After the initial processing delays, the fadix-z and ra-
dix-4¢ parallel pipeline FFT processors can deliver 16 sam-
.ples per clock interval. The detailed comparison of the ra-
dix-2 ~and radix-4 serial pipeline and parallel pipeline
hardware realizations in terms of data throughput rate and

hardware complexity is described in the following sections.

.
" B T



4.4 SPEED AND INITIAL PROCESSING DELAY -‘_'l

-

{ - .

. , !
By referting to the Fig.4.3, it is clear that the radix-2
_serial pipeline processor delivers 16 samples in eight clock
intervals, whereas for the radix-4 case (Fig.4.6) only four
clock intervals are required. The radix-2 parallel pipeline

. . - R .
processor operation is four times faster than the radix-4
serial pipeline processor. As described earlier, in the ra-

dix-2.and radix-4 parallel‘ pipeline ﬁrocessors, 16 samples

will be available at the output for each clock interval.ig

The initial pko;essing delay of the radix-2 serial pipe-
line processor for the first set of 16 samples is equal to
22 clqu intervals. Similarly, the initial processihg delay
of radix-4 pfpeline'probeséor'is eqhal to 12 clock inter-
vals. 1In the radi}—Z.and'radEx-4 parallel pipéline configu-
rations it, takes eight and six.clock intervals respectively

to get the first output. = The data throughput rate compari-

son is given 'in Table 4.{.

4.5 HARDWARE COMPLEXITY

The[Lumber of ﬁé;allel adders (including paréllel syb--

tracters) for the radix-2 serial. pipeline processor is 28.
There are six ﬁUq,(including an extra AU in each of third
and fougéh-stéges) in the radix—2 serial pipeline processor,
each cqﬂsists of four adderé/subtrécters. " And also, four ad-

ders/subtracters are required in-.the multiplier

4



85"

 TeATZIUL, 3POTD/83TAIES 9T

}

. - TeATsjuI X0OTO/SOTAIES 9

TeAIUL ROTO/soTdues ¥
>

TeAXQUI ¥OOTD/SoTdIRS 2
K]

AN ONISSTOId

A
stearequl butidues 9 aurredrd ToTTeTRd p-XTPRI u:,.non&nwﬁ
sTearsjur buyrdieg g sutredyd TOTTRIRd Z-XTP®I 3UTOd-9T
steaxsiur buridiwes zT - ourredid (RTI6S p-XTPWI AUT0d-9T
steaxsjur Burrdues zz autTedTd TeTA98 Z-XTPRI JUTOd-91

ACIHD ONISSIDOUd TYILINT HOSSIOMRIA

E ' 30S53OoNd Lid 9AMIO MOT 40 AL INdEDNQUIL VING T ° pFIEVEL

._-,J!ﬂl,



o - . . 86
éonéigufatiéhs in the third and fourth stages. So the total
number is 28. In the radix-4 serial pipe%ine processor an
extra AU 1is not required in the second stage. The AU in'-
each stage qonsists of 16 adders/subtracters and. 6 adééfs/
subtracters are required in the multipliér configurafion in
the second stage. So the number of adders in a 16-point ra-

. " }"\
dix-4 serial pipeliQe FFT is 38.
N .

In the radix-2 paréllel pipeline processor, .32 indepen-
dent AUs.are used. Bach AU consists of four édders/subtrac-
ters. There are ten indebendent multiplier configuratiéns
each consisting of two adders/subtraciers. ‘The total number
works out to ke liB. Similarly for the radix-4 parallel
pipeline processor, the total number of parallel adders/sub?

tracters will be 144. -

Assuming p bit input signal word length and p bit ROM

_product wordlength, “then each ROM size will be (2P.%p). Each

" multiplier requires four ROMs. In the radix-2 serial pipp-

line processor, the multipliers are timeshared in the 'third
and fourth stages. So thrée'indepehdent multipiier éonfigu—
rat}ons in the fourth stage and one'multiplier.donfiguration
in the third stage are reguired. Since each multiplier con-
figuration reguires 4 ROMs, sixteen ROMs are necessary for
thé radixiz pipeline processor. In the;ggdixr4 serial pipe-
line processor, four different multipligr configurations in

the second stage are required. Again, here 16 'ROMs are
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necessary. At this point, the advantage of the equality of
éos(4§§ and sin(45) is not taken into account in the reali-
zation of the pipeline processors in order to e{ucidate the
principle of the operation of §Epglining in the timing dia~
gram. If we.take this advéntage, the reduction in ROM size
is not significant in the radix-2 and the radix-4 serial
pipeline proééssofs. But it reduces significantly the ROM
size when implementing radix-2 énd radix-4 parallel pipeline
" configurations. .Hence.the regquired number of ROMs respec-
tively for the radix-2 and the radix-4 parallel pipeliﬁe

processors are 28 and 24,

The shift registers (SRs) are necessary in the serial
'pipeline configurations, but in the parallel‘pipeline ;eali-'
zation the SRs are deliberately introduced as explained ear-
lier. To process complex data, twice the number of SRs {for
real and imaginary) are required. The hardware complexity
" comparison is giveﬁ iq Table 4.2. Tge guestion of how to
choose-signal and pnoduﬁt wordlengths for.a given accuracy
is addressed in the Appendix-A.

. Methods of realizing high speed l6-point FFT processors
have been descr{bed. A prototype parallel pipeline l6-point
FFT pas been designed and fabricated. Some of the practical
considerations of this prototype are - given in the Appendi;-
B. The realization methods of hiéh order 'FFT processofs by
timesharing this paraliel pipeline 16-point FFT unit are de-

scribed in the next chapter.
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HIGH ORDER/TWO-DIMENSIONAL FFT PROCESSORS

" 5.1 INTRODUCTION

In this chapter, we describe hardware realizations for
higher o;der one-dimensional and low order two-dimensional
FFT précessors._ These realizations are basqd'on timesharing
of é higﬁ speed low order (N=16) one-dimensional parallel
pipeline FFT processor unit.  The theory of generalized FFT
is reviewed. For a two-dimensional array, the results of
one-diﬁ;nsional transforms_of each row of samples are steored
in a matrix transpoéer and the samples are read in columns
Eor one-dimensional column transforms. A new method of ma-
trix transposition for high speed realizations is described.

Proposed higher order one-dimensional FFT processors are

shown for 64 and 256 point transforms. Also a two-dimen-

sional 16*16 point FFT processor 1is described. The data |

throughput rates and processing delays for all the pcssible

realizations are given. and finally hardware requirements

are outlined.

_89_
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5.2 THEORY OF GENERALIZED FFT

\
*The FET Sa’tputes the discrete Fourier transform (DFT) of N

input variables x(0), x(1), ...., x(N-1) where’, by definition,

.f N_l - .
x0) = DFT Ix(m} = T xm). w° D 0,1, .ee., N-l
’ : n =0 .

where W= exp(-jzn/N)
The FFT gains speed by factoring the cctm:aos:.te mm'ber N into

the product of integers: .

. -

_N-rlrer....rm : B . _ (5.2)

Equat:.on (5.2) corresponds to factoring the one—dmens:.onal
signal x(n) into an m—dimensional _F:.gnal For example, if N =64
and m =3, we might have 3 -, = r3 4, and the 64~point transform
lS translated into a three-dimensional (4 x 4 x 4) transform.
If N is a prime number so that factonzats.cn of N is not poss:gle
the original signal can be usua.uy be augmented with zeros, and a
new composite value of N is attained. ,

l

A convenient way of pexforming the FFT algoritim is as follows.

Begin by representing N as the product of two numbers, say, N = Nl NZ'

If Nl and N2 are both camwosite, they can furthér be broken down.

N N, = N,. N

1 =Ny Nypr Ny = Ny Nop

In this way, each iteraticn consists of going through the mechanics

of a ’c,zo—d.':.nens:.on.al transform to achieve' a one—dimensianal

transform.
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let the one—dimensional sequence be represented as a two- _
. : I

] dimensiconal array of nu:rRers. Now, letting the colum index be
m({m=0,1,2, «..., M1 ) 2nd the row index be 2 {2 =0, 1,

\ ‘ i M

{ 3, -¥.., N-1}, then we see tjat

. n=ML+m ~ (5.3)

The DFT of this two—dimensicnal array of mubers is another
" two-dimensional arraiz, with m and 2 as the signal variables,
let r and s be the transformed colum and row variables, which
when recomposed vield a single variable .o
k = Ir +.8 . 4 N ‘(5-4) ) -
The discrete Fdfiwrier transform samples X(k) = X(s,f) can be

exoressed as the transform of x(m) = x(2,m by substituting

e~equations (5.3) and (5.4) into the definition of the TFT {equation

(5.1}} giving
. M-1 I-1
4 %) =X =z © xem wiEWEmS) (5.5) ‘
m=0 2=0 :
sanding W(M£+ﬂ0(lm*s)' cbserving that B _ Ner 1,
and properly associating indices with summation terms, we can
rearrange eguation (5.5) as
+
M-1 -1 T
) Rs,p) = & W W@ T x(am WO (5%

=0 . 2=0

‘ g(s,m - 0
Equation (5.6), if correctly interpreted, is a velid procedure for

evaluating cne—-dimensional transfoxms via two—dimensional

representations.
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- The I-fol8 interval sum is feally'the D-ET of the mth colum ¢ -
of the array having the ke;r.:n’el W Thus, the first step in our /
* computation procedure would be '

C. -

(1) Comoute the L-point DFT of each colum.

The result is a funftion of s and m, with m going from 0 to M-1.

let the. result be q(s,m)?Now equaticn (5.6) can be written as

¥-1 ~ -
X(s,0) .= £ W W g(s,m) (5.7
m=0 . ‘

From equation (5.7), step 2 in the procedure is deduced to be

" (2) Cbtain a new array h(s,ﬁﬁ by maltiplying every q(s,m} by its Z
twiddle factor W, -

oMl .
X(s,x) = I H(s,m) e (5.8)

Equation (5.8) is recognized to be the M-point DFT of each row,
with the row index. Thus the finalstepintheprocedurei53
' (3) Compute the DFT of each row of the h(s,m) matrix, with @
WL as kernal=-
The procedure above is similar to the camputation of the
" two—dimensicnal DFTs. In that case, cne computes row DFTs followed
by colum DFTs to find the answer; step (2) is missing. ~
~
The separability of the higher-dimensional kernal causes-higher-
‘ g
~ dimensicnal DFTs to require less computation than one-dimensicnal

DETs w?ith the same number of points.

| £

> | | \



"5.3 RANDOM ACCESS MEMORY ARRAY TRANSPOSER - ’
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- - -

The proposed method of high speed matrix transposition
can be realized with the RAM array transposer (RAMAT). The
RAM array consists of several small size RAMs arranged in

rows and columns. Each row or column is activated during a

.-“clock pulse and the samples respeftively are stored in a row

or read from a column. By ‘a simple address sequencing, it
is shown that a vsingle RAMAT can be used for alternative
WRITE-IN and READ-CUT operations. The description of a gen-
erblized RAMAT of the s;der7(M*ﬁ5 is followed by an example
of (4*4) RAMAT. A timing diagram for (4*4) transposer is
'alss given in order to elucidate the ﬁrinciple.‘

5.3.1 M*N Matrix Transposer ¢

In a two-dimenéional array (M * N), 1if M and N represent
the number of columns and rows respéctivély, then a RAMAT is,
formed with MN random access memories (RAMs), {M+N) latches,
a N bit demﬁltiplexer and a 'M bit demultiplexer as shown in
Fig.5.1. The real parts.of the first M samples of the input
data to RAM;; are stored in the first row. While the real
words are stofgd, the imaginary word§ of - the same samples
are latched (delayed} for the time equal to the RAM access
time. _After the real ?arts are stored, the imaginary dafa
is also stored in tﬂe first row. ) Now the real parts of the-

second set of M samples are stored in the second row, then
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the‘imaginary data of the second set of M samples {(that were
latched during the previous clock interval) are stored in
the second row. This procedure continues'until all the RAMs
are filled wi%h_MN complex samples. The 'write' cé@trol
that is connected to the RAMs in .each row is demultiplexed
as shown in Fig.5.1. The 'read' control which connects the'
RAMs in each column is demultiplexed to fetch ‘the data from

the RAMAT in columns. : .

L

The real words of first N samples are read and are

~latched. Then the imaginary words of first N samples are

read. The latched words and the presently available imagi-
nary words cqnstitute a set of N complex samples for possi-
ble further processing. This prdcedure~repeats‘ until all
the column samples are read. Then the WRITE operations will
be begun in the RAMAT for the next set of MN samples. An
additjonal RAMAT is necessary for simultaneous READ and
WRITE operations.' However the need for an additional RAMAT
can be avoidéd by an efficient address sequencing, as shown

beloWw .

—

-~

5.3.2 4*4 Matrix Transposer 1{
e : :

The proposed RAMAT can well be described by considering a
4*4 matrix transposition operation as shown in Fig. 5.2.

The RAM array consists of 16 RAMs, arranged in 4 rows and 4

columns. The memory size of each RAM is (4*p), ie., it has

u—
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four memory locations in which four different p-bit samplgs
can be storedf’. The address wordlength is 2 bits, because
each RAM has four locations. The real and imaginary parts
of the same ‘sample will be stored in the same RAM (address
locations 00 for real and 01 for iﬁaginary). Tﬂe principle
of time-division multiplexing is employed for thé -twormain
operations, A1) WRITE-IN-ROWS (2) READ-OUT-COLUMNS.

5.3.3 Timing diagram for 4*4 matrix transposer

The timing diagram (Fig.5.3) explains the data flow Sper—
ations in the 4*4 RAMAT. To start with, when the RAM aﬁ-
dress is 00, the first set of fou; real samﬁles is stored in
the first £6wrof RAMs. During this time, the four imaginary
.saﬁplés are latched. Then the address is changed to 01, and
the imaginary samples are stored in the same first row of
'hAMs.o The second set of four samples are stored in the sec-
ond row with the address 00 for real samples and 01 for im-
aginary samples. This procedure’continues until all the 4

rows of RAMs are filled with real and imaginary samples.

The READ-QUT operation in the first column of RAMs begins
with address 00. After the first column real sampies are |,
read out, the address is changed to 01 to read the imaginary'
samples from the first column. At this point in time, in-

stead of reading the samples from the seéond celumn of RAMs,
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a new set of four real samples is stored in the first-rqw‘of
RAMs with address 10. - This does not Fonflict as the old
samples still remain in 00 and 01 memory locations. The im-
aginary samples are stored with the RAM address 11. Now
once agéin the address is changed to 00 and sﬁbsequently to
01 to read the real and imaginary samples from the second

column of RAMs. Then the réw samples are stored in the, sec-

ond row with the RAM-addresses 10  and 11l. after ) the

WRITE-IN operation is completed in the- 4th row of RAMs’'with
- ®

addresses 10 and 11, the addresses will reﬁain as 10 and' 11
and the firgt column READ-OUT of samples is perfbrmedi“’Then
the addresses are changed to 00 and 01 for storing the first
set of -samples in the first row of RAMS . At this point in

time, one cycle is completed as far as address sequencing is

-~

concerned.

2 \) i

In the preceding discussion; we considered the address
sequencing for the RAMs only. The address sequencing opera-
tions for demultiplexing the 'read' and 'write' control
lines are relatively siqple compared to that of RAMs. Here
the address wordlength.deﬁends on the number of rows and the.
numﬁér af columns. For thes4*4 matrix transposer, " two-bit
address is required for each of the read and. write opera-

tions.

The Qamples are alternég?befy stored-in. and read-from the

RAMAT. This way we can avoid an extra RAMAT. The price

v
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paid fgr this is to-have high speed RAMs. _ In general, the

RAM access.time should be about' one-fourth of the addition

. time or the ROM multiplicéﬁion time associated with preced-

ing or succeeding FFT to RAMAT.

oo

Eal

5.4 HIGHER ORDER ONE-DIMENSIONAL FFT PROCESSORS

The éomplexity of a parallel pipeline FFT processor in-
creases dramaticaily Qith N, the number of samples greatef
than or equal to'64. Typically a 64 point parallel pipeline
FFT reguires thousands of Integrated Circuit components.
Unless modern technigues for VLSI implementatid%-such as
Systolic Arrays [53] are considered, this approach is not

worthwhile.

+

Another method of realizing a high order one-dimensional
o
FFT is to employ a serial pipeline FFT processor. A 64

boint FFT can be realized with a three-stage radix-4 FFT

unit. Similarly 256 point FFT realization may include

four-stage radix-4 or eight-stage radix-2 'serial pipeline
FFT. The control (switching) complexity associated with
serial pipeline FFT processors prevents one from realizing

these methods in most cases.

-

It appears tbat‘the,hybrid approach with timesharing a

certain amount of parallel hardware helps in improving the

cost/complexity for a given data throughput rate require-

ment. In this section, we will describe such approaches for

realizing 64 and 256 point FFT pfocessors.

e,
w
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5.4.1 64 Point FFT Processor

v

~

The architecture of the proposed 64 point FFT proceésor

is shown 1in Fig. ©5.4. The 64 samples are arranged 1in a
two-dimensional a;ray {l6*4) (Fig.g.S). The 16 poin£ paral-
lel pipe;ine FPT érocessor as described 1in the previpus
chapter is.time shared to process 4 rows'of ls'samples each.
The output of the 16 poiné FFT unit is multiplied by the DFT
coefficients. This 1is ac@ﬁeved by complex stored-product
ROM multiéiigrs. Due to the' symmetry of the DFT cpéffi-
cients, a single ROM multiplier ‘waxh twiddle factors shown
in Table.5.1 can be timesﬁaréd to process 4 rows of 16 sam-
ples each [30]. However, this timesharing requires complex
switching_across the ROMs. The output of the ROM array mul-
tipler is sEored in a, RAM array transposer (RAMAT). The
RAMAT consists of 64 RAM elements (M=lé, N=4 in Fig.5.1),
each of which can store the real and imaginary values of
each output sample. The data are read out from the RAMAT

; columns, four samples at & -time. To maintain the same data
throughput rate at all stages of the processor, -a set of
four 4-point DFTs working in parallel is_ timeshared to per-
form column transform®. The first 4 peint DFT works on sam-
ples. of columns 1 to 4. The second 4 point DFT processes
the samples of columns 5 tc B and so on. %he outputs of all

the 4-point DFT blocks are stered in the output memory for

possible further processing. The data throughput rate of

the 64 point DFT processor will be the same as that _of 16

point FFT processor, 16 samples per clock interval.




102

' ’ 4
INPUT b 16 POINT COMPLEX
BUFFER RADIX- 4 ROM
MEMORY FFT MULTIPLLERS

r

RAMAT

S VA V.V

4 POINT 4 POINT & POINT 1 . 4 POINT
_ DFT DFT DFT DFT

OUTPUT BUFFER MEMORY
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Table 5.1

Twiddle Factors for Intermediate Maltiplicatians

10
14
22

30

(64 point FFT)

W = expl(-j2n/64)r}

whaer:.sg:.venbe.lm

3 4
7 8
1. 12
15 | 18
24 26
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5.4,2 256 Point FFT Processor

The method of realization is similar to that of 64‘point
FFT proceséor.- The block diagram of the processor is shown
in Fig.5.6 in which two l6 point FFTs are used resbectively
for row and column transforms. . Instead of having two FFTs,
a single‘ FFT can be timeshared to process row and column
transforms'as shown in Fig. 5.7. The 256 sample data are
arranged in a (16*16) format as shown in Fig. 5.8. The out-
put of the réH.FFT is multiplied by the DFT coefficients.
Here once again,:with a minimum number of stored-product ROM
multipliers, ali the multiplication requirements can be ac-
hieved with apﬁropriate switching. Table 5.2 shows the
twiddie factors for the intermediate multiplications after
row FFTIM; The first 256 samples of data are ﬁultiplied and
stored in RAMAT, which consists of 256 RAM elements (M=N=16
in Fig.5.1). Then the 16 point FFT processor starts pro-
cessing the data read out in columns. Starting at this
point, the 16 point FFT processor alternatively selects the
data from _the Input memory and from the RAMAT. In other
words, the 16 point FFT processor block fetches the dafa
from Input memory/RAMAT 'for every two  clock intervals.
Hence the data throughput rate is slowed down bf a»factor qf

twe as coempared to the 64 point FFT processor.

-~
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Twiddle Factors for Intermediate Multiplications

o

28

39

48 -

60
77
.96

150

{256 point FFT)

W = expl(~327/256)r}

where r is given below
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5.5 LOW ORDER TWO-DIMENSIONAL FFT PROCESSOR

Modern ‘high speed two-dimensional FFT processors are
based on extensive software to'processla large array-of data
such as 512*512 or 1024*1024 samples for image processing,
pattérn’recognition etc.,[54]. The processors are in most

“cases,-a general purpose computer controlled array procesgor
or a special purpose processor. T?ey are generally expen-

~sive to apply to one processing purpose only.

A hybrid approach of processing requires a special pur-
éose high speed, low order parallel pipeline FFT unit times-
hared extensively with the help of a éenefél purpose control
processor. This apprecach seems'to be preferred in applica-
tions where a small array ( < 256*256) of data is processed
aor\whgre there is no sophisticated computer/array processor

available.

In-this section, we propose a method of realizing a high
speed low order (16*16) tWO-dimquional FFT processor. Here
again,  a fully implemented parallel-pipeline 16-point FFT
processbr één\be time-shared to do row transforms and column
transforms of'é two-dimensiqnal array of 1l6*16 complex sam-

ples. The one-dimensional FFT unit obtains the samples in a

-sequence of rows from the input .memory and after processing,

stores the results in a RAM array transposer in rows. The
complex samples are read from the transposer. in columns and

fed to the FFT unit again, After processing, the results

h



111
are stored in the output memory. . As explained in section
5.2, the 16*16 two-dimensional'FFT processor requires-fewer
aritthmetic operations than the one- dimensional® 256-point
FFTuE}§cessor. ' As a result, there are no intermediate mul-

tiplications after the row FFT. The RAM array transposer

can again be used to achieve matrix transposition operation.

~
f T

5.5.1 IY6*1l6 two-dimensional FFT processor

The (16*16) 2-8@ FFT processor architecture gs shown in
Fig. 5.9 in which the first l6-point . FFT processor output

{(after row transforms) 1is stored in consecutive rows in the

matrix transposer. The data read from the matrix transposer °

.is fed to the secondlls-point. FFT for column transforms.
fhe column transfofﬁed samples are stored in the output me-
mory for possible further processing. Fig. 5.10 shows a
method of realization in which a single 16é-point FFT block
is timeshared to do row and column transforms. This méthod
saves one 1l6-point FFT unit at the cost of several multi-
plexérs and demulfiﬁlexers and at half the data ﬁhroughput
rate. The detailed operations of the 16 point FFT unit and

RAMAT have been described in the previous sections.

The 16 point FFT processor alternatively selects the data
from the INPUT MEMORY and the RAMAT. In other words, the 16

point FFT processor block fetches the datqqfrom INPUT MEMORY
' s
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or JRAMAT for every two clock intervals. The clock timing
can be adjusted such that when the‘éampleé ‘are read from.the
RAﬂAT and fed to the 16 po}nt FFT wnit, t?e output of the
l6-point FFT unit-is stored in the OUTPUT MBMéRY. '

-

5.6 SPEED AND INITIAL PROCESSING DELAY

»

‘Considering one-dimensional FFTs, the speed of 16 point
and 64 point Erocessors is comﬁared. It‘ takes- four clock
intervals to produce the output in the case of a 64 point
FFT processor. Therefore the processing rate pey sample of-
t?e 64 point FFT processor - is the same as tha Sf the 16
point FFT unit. When a single 16 point FFT unit .is times-
hared to realize a 256 point FFT processor,. thé3256 point'
' FET procgssor can operaté at half the sbeed of the 16 or 64
- point FFT processor. For example if al%-&pé one-dimensional
FFT processors are realized with low'-power_Schottky TTL
Integrated Circuits, the parallel adders, - the ROMs and the
RAMs have access times of the order of lOb, 100 and 25 nsec
respectively, then the potential data throughput rates-per
sample of 16, 64 and 256 point processors will be 160 Mﬁz,

160 MHz and 80 MHi respectively.

The initial processing delay of 64 point FFT processor is
20 clock intervals. To get the first spectral frame.in a
256 point FFT, it takes 48 or 78 clock intervals depending

on whether one or two 16 point FFT units are timeshared.
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“The (16*%9) FFT processcr will have the output 16 complex
samples for every two clock intervals. That is eguivalent
to eight sahples_for every clock interval. Given that the
maximum time for a basic operation such as parallel adéitipn
or real multiplication is 100 nano seconds for TTL ICs, the

processcer can operate at a per sample data throughput rate

of B0 MHz. If we add an extra l6-point unit data throughput_

rate of 160 MHz per saﬁple can be achieved with a propor-
tionate incr'ease in complexity. The same proéessor realized
with CMOS integ}ated circuits with an aécess time bf 500
nano seconds, has the data throughput rate of 16 MHz or 32

MHz depending on whether one or two FFT units used. The in-

itial processing delay of the 16*16 two-dimensional FFT pro-

cessor is 46 clock intervals. If a single FFT unit is

timeshared, it "takes 76 clock intervals tc get the first

spectral output. The data thfoughpdt rate comparison is
— r ’

shown in the Table 5.3.

5.7 = HARDWARE COMPLEXITY

LY

The approximate amount of hardware required for one-di-
mensional 64 point and 256 point FFT processors andltwo-di—

mensicnal 16*16 point FFT processor are shown in Table 5.4,

In all these processors, 16 point radix-4 parallel pipeline

FFT is a common unit. Though the RAMAT requires a large:

- number of RAMs (eg. 256 for 2-4 FFT), the memory density re-

guirements are not severe. 1In fact, each RAM has at most



- saaxardryTnag 3Tq-91

z z

- . | - z | sxoxard TOWag 1Tq-p

A i (A3 [43 : sayore1 31q-d

, 952 96z | . .3 . sww A.%S

- 89¢ 88 sWod {dx g2) .

- | o€ T " sao0pv a7a-d
) (\pbuaTpaom uo:_wou.m\am:mﬁm =d)

" L4I a-OML 9TX9T LI INIOJ-952 L1 INTOd-V9 . SINAFTTA LINOUTO

SUOSSIORId ISAHL TIY NI LINN NOWXO ¥ ST LINA Ldd INTOd-9T

SUOSSAORIA LI YARIO HOTH J0 ALIXTIAWOO DRIVMRIVH G ATaVL



118
four memory locations. To accommodate the real and imagi-
nary parts of - a sample in the same memory location, RAM
should have a capacity to hold the data of twice the word-
length.. This type of RAMAT requires a simpler.addressing
prdcedure because each RAM has only two meméry locations.

For this case, latches to hold the data are not required.

The desired accuracy deﬁermines the wordlength, which in-
turn determines the&hardware\éomplexity, especially the com-
plexity due to stored-product ROMs. Cémputer‘simulation re-
sults of the processors' accuracy performance are given in

the Appendix-A.

High order (64 and 256 peints) one dimensional and low

order™ {16*16 points) two dimensional processor realization

methods have been described. It has been found - that the

RAMAT is a highly modular method of realization suitable for

paraliel processing.



[ Chapter VI
CONSIDERATIONS OF MODIFIED FFT

6.1 INTRODUCTION

In this chapter, expressions are derived for the mean
square error due to the product robndoff in modified radix-2
FFT algorithms. To reduce the mean 3Quare error at the out-
put of a spetial purpose, high speed, -low order (N £ 32) FFT
processor_implemeﬁted in fixed-point arithmetic; a modified
FFT architecture is considered in which an extra bit is ad-
ded to the register wordlength to prevent overflow. The
predicted results are compared with the results,obtainéd by

simulation.

~

The fixed point error analysis of conventional FFT algor-
ithms has been reported by Welch [36) and by - Thong and Liu
[52]. A special purpose hardware FFT\processor design based
on a conventional fixed-point arithmetic retains the same
signal wordlength throughout all stages. . Such an implemen-
tation should incorporate a scaling procedure to avoid over-
flow. This leads to an error which mainly depends on the
method of scaling [51], and the‘locé;ions of the butterflies
[55]. In a radix-2 FFT algorithm, there are logzN stages,

where N represents the total number of complex samples.

- 119 -
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When there is scaling at each stage irrespective of whether
there is any overflow or not}_  the signal is attenuated by a
factor of (1/N). There will be a significant reduction in
the signal-to-noise ratio at the output of the FFT due to
this attenuation of the signal. Instead of scaling at eéch
stage, an extra bit can be added to all the registers to
prevent overflow. In this way, the wordlength is allowed to
grow 1 bit at each stage or log,N bits overall. Rounding to
the original wordlength can be done at the output. Fig. 6.1
illustrates a mo?ified FFT configuration for the decimation-

in-time FFT algorithm. °

-

A derivation of the.expression for the mean square error
(MSE) at the modified FFT output is given. 1In our analysis,
we con;}def both the decimation-in-time (DIT) and the deci-
- mation-in-frequency (DIF) algecrithms. The computer simula-
tion results are compared with the predicted values. It can
be- shown that a signifiéant increase in signal/noise ratio
can be achieved with the modified FFT approach over the con-
ventional uniform wordlength FFT, with out a proportionafv
increase in the hardware complexity. The input signal®quan-
tization effect is not considered here. Coefficient word-
lengths are assumed to be long due to the use of stored-pro-
duct-ROM technique of multiplication.  Hence errors due to

.

coefficient guantization are neglected.
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6.2 RADIX-2 DECIMATION-IN-TIME ALGORITHM 1

In any radix-2 DIT algorfthm, there are only trivial mul-
tiplications (multiplic;tions by-*1, +j where j=4/~1) in the
first two stages. There will be non-trivial multiplications
in the third, fourthrand following stages. As shown in Pig.
3.1, the number of butterflies encountering non-trivial mul-
tiplications in the third stage }is {N/4). In the fourth
stage, it is [(N/4)+N/8)f,etc. The accumulation of roundoff
error to any output node depends on . the interconnection of
thehpreviqus butterflies. Thus the error is not uniform in
all the output nodes. For example, if :v(=logzN) represents

the number of stages, then the lower half(N/2) of the output

T =2
nodes have an error accumulation due to ( 2°
L]

- 1) error
sources. . The lower (N/4) of the upper half of the output
nodes have an error accumulation i;ﬁ-to ( gv—2-1 _ 1) error
sources, and so on. Hence the number of butterflies contri-
bufing roundoff errors to any 6ﬁ£put node depends on the lo-
cation of the output node. Figs. 6.2 and'§,3 show the accu-
mulation of roundoff errors in the '238 and 5th output

samples of the 16 point  FFT.

6.2.1 Derivation of the expression for mean sguare error

2
3
b (excluding sign bit) is the signal wordlength in the first

-Let the error variance in.the.third stage be ' . If

stage’, then (b+2) (excluding sign bit) represents the signal

“
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-

and product wordlengths in the third stage. The rounding of
the product of two b bit (excluding sign bit) numbers to b
bits results in an error with variance { 272b 'If the er-

A
rors due to each of the four real multiplications are as-

-

sumed to be uncorrelated, the error variance of the complex

multiplication is given as (2:32)- ' ﬂ.
3

The error variance in the following stages can be written
as o ‘
g=2 (b+2) { third stage )
1 ( fourth stage )

e fiffh'stage )

o

-

= {ug}/{(4)v-3} ( last staée ) -

L=
|

' The sum of the total number of butterflies contributing

_roundoff errors to all the output nodes is given-as

L X




The total number of error sources is: . 126

N, = N[(&)(2v2a 1yeav-2=1_; 1,1y o v-2-2_
e = ¥ ) * (P ) + (2D 1)

+ R R I I I I i, +

+ L @v2(v3),y; (6.1)
- 2\)‘_2 .
2
m=]1 2@

1
The total error varlance for 311\ the output points combined is:

2022 1 ovlemo g ed
.!J- m§1 (‘2—1;)(2 1)N5(m+2) . (6.3)

-

The average mean square error (assuning the mean 1is zero) per output
point is: '

7 v =
- lypov1l-m_q+ 2
-IE'_ mEl (-2;)(2 l)é(m_'_z) . (6.4)
where -
' S Ny2Z
mae {—) is the average error var-
=< TFH gnce in lowes half (N/2)
- — ————— of output nodes
@V ;
vy N, 2
o —_ rEA (_;)""r is the average error var-
62 - 2 lance in lower half (N/4)
A m ofaupper half of output
it = nodes.
&= , (6.5)
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By substituting (6.5) in (6.4), the average mean square error (MSE)

becomes:

{2"'3E +.,2"‘4:§-+ 2"'5z+ +|,1_%}]
(2v2-1)
-4 2. 5) 2. L2
’ +[%_)2(2v-3_1) {2( )“ﬁ+2(v- )"%’- see tHy }]

evi-
+ P S8 4860858848880 esssPBeRSTETSTREESES L N BN N N ) +
1\V2 2

.
|
13

This can be rewritten in the following equivalent forms

T2 5 q.(v2) (v-3) (v=4)
L. 2 k[(%) + () + (&) +oeen + %]{
TR R R R ) 1
+ PV—:L[(E) K + ('5') + (3) + "‘5]2
T sesesssssesressrssrssavan esasssasse +
+ u2[12 +»%_12(w4) (6.7)
2
+ E (1)2\)"3 ’
< or :
2 -
— 4 . .
sk, L-dT R
+ ceeccrcncccnss RRREY= ORI + (6-8)
+ 2 (M2 '
¢ ‘
¢
/
o




or

—

N

-(%)"‘2 [p.—% + 22:%_1 + 2":;%_2 +oeee + 22("“')-._%_ + 22(v3)

A —————————— i . e

4

-

-

2 -
Bowfue22 #2520+ 0+ 2"_“'?% + 232 ¥ ]

2

3

Substituting the expressioms for the average error varlance in

different stages of FFT in (69)yields, after simplification:

2 -y : 2q1.2
B Jm V32 1yl Ly“Ly“h ... + G)yv3Edyv3
g u3[1+(2)(4)+ (2) (4)+ - +(2) (a) ]

= (lyv2,v3,2 13,1y 4 1. 1yv3
(VT .u3[1+(z)(z)_+...+(z 3 > ]

or

N

(1/8)

After simplification,

7 —
.29
N H3

R 2\}-3 [1 - (1/8)"‘2] & )w24w3 21 = (1/16)"2,

L (1716)

il - (1/8)V°2
[{ =

P

1~ (1/16)V2
Gy ]

since 2V = N this becomes finally:

N

b - v-2
1 - (1/16) 3 ]

v w2 ) - v—-2
VR p.% [{1 (1/8)

7

}-

15
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] (6.9

(6.10)

(6.11)

(6.12)

(6.13)
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6.3 RADIX-2 DECIMATION-IN-FREQUENCY. ALGORITHM

Unlike-a radix-2 DIT algorithm, 1in a radix-z decimation-
in-frequégcy (DIF) algorithm (Fig. 4.9), there are only tri-
vial multiplications in the last two stages. The non-trivi-
al multiplications exist in the first (v-2) stages. In the
first stage, the number of butterflies with non-trivial mul-
‘tiplications is [(N/2)}-2]. In tﬁe second stage, 2[(N/4)-2]
butterflies encounter non-trivial multiplications, and in
the third stage it is 2%(N/8)-2], etc. In general, the num-

ber of non-trivial multiplications in the (v=2) stage is

'2“'3{(5352)—2} = N/4

As in the DIT algorithm, - the error accumulations to out-
put nodes are not uniformly distributed. Figs. 6.4 and 6.5
show error accumulations in the 4th and 14th nodes of the

l6-point DIF FFT.

6.3.1 Derivation of the expression for mean square error

Let the error variance due to product roundoff in the
2

e . . ~- .
process of complex multiplication in the first stage be u< .

1
In DIF algorithms, multiplications take place after the ad-

dition/subtraction operations. Therefore, even in the first

stage the multiplier should have an extra bit. Hence
17 3

The .error variance in the following stages can be written as
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-

_ 2 .
2 o fg_ (second staga)
.4 ) 1
—_ 2
u%'-'fl (third stage)
42
2 _IE " _5yth
Ty | J ((v=2)t stage)
- e
The total number of error soufces is:
N, = 200 34p22- 2) + (23 - 2) + ...+ @@V - gy (6.14)

The total error variance for all the output points is:

ul -4 . 20v3)[(22 - 2)”%—2 £ (23- Z)p%_3 + (2% - Z)p%_a

+ eee + 22V - 2)] (6.15)

The average mean square error (MSE) per output point is:

'-2' " —— ———— ————

N .
+ oo+ 22V - 9]
or

1 o X 2 7
- 2 - 2 * U 6-1

=l

v-3 -
2.y Z_N[(z2 -l 4 (20 -2 g+ 24 - 2)p2 , (6.16)



This can be rewritten, with N = 2V, as:
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> _— — .
2
.r‘.‘*_-% [{22u3_2,+ 231;.%_3 Foeee F Zv-lp%}- 2 {u:\’}-z + 1,%_3 + e # 47 )]

Substituting the expressions for error variance in the different stages

of FFT, in (6.18) and simplification yilelds:

237
2V W

2 2
12 M+ 3_ M 4 s

:zt%ol'

_— 2
+ 2"71-;;%}-{2 4\:; +oaee p% Y]

or
L PR N G SR S
N (8)v~
SR - SO S
4 42 (4)\}‘3
or

(6,18)

(6.19)

(6.20)

(6.21)
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6.4 NOISE~-TO~SIGNAL RATIO CALCULATIONS

Based on the expressions (6-13) and (6.21) for the mean
sqguare error due to product roundoff errors, it is possible
to £ind expressions for noise-to-signal ratio at ;he output
of the modified FFTs. The output wordlength of the modified
FFT would be limited to the original (input) wordlength in
two ways, (1) by truncating the output word, and (2) by

rounding.

(1) Product Rounding and Scaling by Truncation:

MSE fproduct roundoff) = Equation (6.13) or (6.21)

-2b
MSE (scaling) = 23 where 'b' is input/output wordlength
output mean sguare signal = (N/3) (for uniformly
distributed random numbers
-1 to +1)

output N/S ratio =[§SE(product‘roundoff) + MSE(scaling)i °
mean sguare signal .

-

(2) Product Rounding and Scaling by Rouﬁding:
2—2b

MSE {(scaling) = 12

output mean sguare signai = N/3

output N/S ratio =[?SE(product roundoff) + MSE(scaling)
mean square signal
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6.5 COMPUTER SIMULATION RESULTS

The architecture of the modified FFT processor is simu-
lated on a general purpose éomputer to find the hean square
error at the output. The input samples are uniformly dis-
tributed random numbers in the ranée -1 to +1. Fixed peoint
two's complement arithmetic is considered. -The;detailed ex-
planation of the computer simulation procedure is @iven in
Appendix-a. .

~ ‘ ] .
The computer simulation results for the lé-point DIT mo-

dified FFT are shown in Fig. 6.6. Fig. 6.7 shows the compu-
ter simulation results of a 16 point radix-2 decimation-in-
time (DIT) - FFT, implemented‘in a_coﬁventional form with
uniform wordlené%h throughout the proéessor. The error per-
formance comparison of the modified FFT and the conventional
FFT is based on the average of the 1input and the output
wordlengths in a modified FFT, becaﬁse the hardware required
for both schemes is approximately the same when a conven-
tional FFT is implemented with a uniform wordlength which is
eéual to the average wordlengh in a modified FFT. . This is a
reasonable approximation for low o;der (N € 32) FFT ?roces-
sors, since the butterflies with non-trivial mﬁltiplications

'arg not concentrated evenly throughout the FFT stages.

For'exaﬁple when the input wordlength to a l6é-point modi-
fied FFT 1is 'b' bits, then the output wordlength, will be

{b+a) bits. Hence the mean square error (MSE) of this FFT

4
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~is coﬁpared with a conventional FFT of (b+2) ~-bits word-

length: From Figs. 6.6 and/6.7, it is noted that the modi-

fied FPT offers a better signal to noise ratio than the con-

' i
\antional FFT.

To”iqrthe: improve the signal-to-noise ratio pf the modi-

)

.fiéd FFT, thg{éukgyt words can Se limited‘by ropnding, Tin-
stead of truncation. For this case, the'computef simulation
results are shown in Fig.6.8. It is noted, from Figs. 6.6
and 6.8 that rbunding offers about 6 dB improvement of sig-
nal-to-no{;e ratio over truncation, at the expénse of'l}tt}e

increase ipn the hardware complexity. .

The computer simulation results of radix-2 DIF modified
. - ' .
FFT are shown in Figs. 6.9 and 6.10; respectively for the

two cases (1) scaling by truncation and (2) 'scaling“by

rounding.  Here.again, rounding offers better signal/noise

ratio over truncation.

- . >
& ‘ ' o

One interesting point ishthat the DIF algorithm-based FFT

requires relatively less hardware as compared to the DIT FFT

er the same signal/noise ratio, because in DIF FFT the mul-
tiplidations are mainly concentrated in the butterflies of

; earlier stages where short wordlengths are required.

The fixed point error analysis is carried ,out for modi-

fied -FFTs. Simulated results are found to be close to the
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"predicted values. The FFT output wordlength can be limited,

142

if ‘necessary, to a desired length gof further processing.

This contributes an error which is dominant than the product
. roundoff error. It is shown that for.approximatély the same
amount of hardware, the modified FFTJofferé a better signal
to noise ratio thén the conventional FFT. The realization
of modified low order (Ng£32) FFT is worth considering in aé-

plications where the &ccumulation of roundoff errors 1is a

critical problem.

-
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" Chapter VII

CONCLUDING REMARKS

- . -

A class of fast PFourier tfansform proce5§9rs for high

speed real time radar signal processing has been presented.
The signal processing requirements of modern radar systems
have been emphasized and the justification for the need of
high speed FFT processor has been made clear. A new method
of aéhieving very high data thropghput rates in the fast
Fourier transform processors has been developed.

Application of the stored-product ROM multiplication con-
cept to the FFT processor realization is a significant con-
tribution in this thgsis research. Several realization
techniques of serial pipeline and parallel pipelineleT pro-
cessors are analyzed, out of which a low order (N £ 32) par-
allel pipeliﬁe FFT‘appeared to be a novel method of achiev-
ing a“\significant increase of ﬁer sémple data throughput
raté (number of complex samples/second), 1in excess of 100

MHz.

»
[

. The utilization of a high speed 1low order (16 points)

parallel pipeline FFT processing’unit in realizing a higher

order one dimensional (up to 256 points) and low order two

dimensional (16*16 points) FFT processers has been consid-
] : )
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ered as an impdétant part. of tﬁis thesis research. With re-
ference to this, an original concept of a high?épeed matrix
tfansposition technigque for parallel pipeline processing,
Random Access Mémory Array Transposer ﬁRAMAT) has beeﬁ pro-
posed. This-method involves an efficient address §equencing

procedure in order to minimize the number of RAMs, regquired.

Another original contribution of this thesis research. is
statistical error analyses to find the accumulations of pro-
 duct roundoff errors in a modified low order FFT of -increas-
ing wordlength to "avoid overflows in the fixed-peint addi-
tions. It has been found out that for approximately the
same hardware complexity, modified FET offers a'bétter sig-
nal/noise ratio over a conventional uniform wdrdleﬁgth FFT.
The computer simulation results are found to be close to the

predicted values.

The proposed highspeed FFT processors are not programma-
ble in nature. They are special purpose processors dedicat-
ed to perform a particular task in high speed radar signal
processing systems. The per sample data throughput rate in-
cfeases’with the.number of samples for parallel pipeline re-
alization whereas the data throughput rate is fixed at two
samples per-clock interval for radix-2 and. four samples per

clock fﬁterval for radix-4 serial pipeline FFTs. Parallel
- pipgline realization requires more hardware but simple‘con-

trol.* On the otherhand, serial pipeline realization re-

i
&
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guires less hardware but more complicated control for
switching. "Another method of realizing high order one di-
mensional FFT processors is to timeshare a lé-peint FFT
block in two dimensional processing. .-The choice of this
method or.a higher order one dimensional serial pipeline FFT
mainly depends on the control complexity\of the serial pipe-
line FFT, the hardwafe complexity and of course on the data
throughput rate requited. Hence one has to seriously con-
sider the requirements of a special pﬁrpose processor before

selecting one of the schemes..

Systolic array architecture is a very powerful appreach
for applying VLSI to signal processing [53]. ' This type of
architecture has a numbe} of &ttributes that make it compa-
tible with VLSI. The architecture provides a technique for
usingA multiple processors }o attack a .signal proqeséing
problem. Since all the processors are the same type, the
result is usually a low cost system with very large proéeés-

ing power.

The simplicity of implementing the DFT using systolic
array has been described [56]. The number of procéssor mo-
dules is equal to the numbe} of points of the DFT. Each mo-
dule mainly Fonsists of a complex multiély - and accumulate
operation. FIR filter realzation baéea on systolié afréy
architecture has been proposed [57]. An FFT systolic pro-

cessor implementation has been reported in [58].
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For the 16 point parallel pipeline FFT and for the RAMAT,

systolic array architectures may be efficiently applied.

'The basic building blocks, the adder unit in the 16 point

FFT unit and the small size'RAM element are potential archi-
té;;ures for systolic array implementation. These units re-
alized in systolic array architectures may be cost effective
solutions in future high speed high order (N > 640 Ssignal

processing systems.

el b e ad
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Appendix A
COMPUTER SIMULATION RESULTS

)

A.1  INTRODUCTION . /

Finite wordlength effects lead to a significant reduction

.in signal-to-noise ratio at the output of the FFT proces-

. sors. The major sources of error are due to (1) A/D quanti-

zation (2) Coefficient quantization (3) Product quantization
and (4) Scaling. The.coefficient quantization-effects are
virtually eliminated in the proposed FFT processors by using
stored-product-ROMs. By assuming a longer coefficient ‘word-
length, the products can be accurately caiculated using a
general purpose computer, rounded to ‘the desired wordlength

and stored i» the ROMs. e
o

The dominant source of error 1in fixed point FFT process-
,ing is due to scaling, to avoid overflow. When two numbers
of alike sign are added, there may or may not be overflow
depending on the magnitude of the individual number. For
example if two 4-bit numbers A;B.llol and B=0.1000 are added
the resulg'becomes (A+B)=1.0101. This represents an error
in two's complement arithmetic unless it is scaled (shifted

to right), the number becomes 0.1010. This is eguivalent to

dividing by 2. If the shifted last bit is 0, there will not

- 147 -
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be any error. However- if the last bit is 1 (as-in the exam-

ple), scaling (by truncation) leads tc error. . -

The computer simulation procedure is shown in Fig. K.l.
A sequence of uniformly distributed random numbers is gener-
ated and used as input samples. Fixed point two's comple-
ment arithmetic is used. By using 'double precision', the
ideal wordlength is set at 64 bits '(Amdahl 470 Processor).
A fast Fourier transform subroutine is used to find the FFT

of a- set of random numbers with out any gquantization.
- o

Another -FFT subroutine is used to find the transform, assum-

ing finite wordlengths for input signal, coefficient and
product values. The difference between the FFT outputs is

found for each sample and the mean square error and the mean

-sguare signal are calculated to find.noisé/signal: ratjio at

the FFT output.

A.2 16 POINT FFT PROCESSOR SIMULATION

The architectures of the 1l6-point radix-Z7and radix-4
FFTs are simulated on the computer to find the mean square
error and hence the noise-to-signal ratio at the output.

Both decimation-in-time (DIT) and decimation-in-frequency

(DIF)} algorithms are'consiéered for radix-2 algorithm. As
described in chapter IV, for the 16 point radix-4 FFT, only

the decimation-in-time algorithm is shown. Since for ra-

dix-4 16 point FFT, the decimation-in-time algorithm is

o



- ) . . Wﬂl.

..Alnr_vvn

D -
o
\
,\ N )
INdINO 144 JHL 1V OTLVY TYN9IS/ISIGH 40 NOTLVINDIYD L'v'9[4
PR N
Am:mﬂm aazenbg ueop
. N, (QIZTINVOD)
{ )Ybot oOT 2 NnaczuHmu 14d
- L}
TUYNDIS, | o0 -
ASTON ONIUAI A ;
: -
+
) { )BoT OT[* m ‘ . (4ouuad) ONTATIIIA (Te9PI)
. , \ +  Lad
. _ | r//
xoxaq saenbg ueay *
- 3
. [§
. N
\



[ K}

*‘J

- B 150
equivalent to the Qecimation-in—frequency algorithm. The
coefficient wordlength is set at 24 bits {(ideal case) due tﬁ
the stored—produqt ﬁOM technique of multiplication. Be-
cause, the coefficient quanfization errors become hegligigly
small for increasing wordlengths above 20 bits. fig. 'A.Z .
shows noise/signal ratio at the FFT output without averag-
ing Fig. A.3 shows the results averaged over one hundred
seﬁs of complex samples. Scaling to avoid 6verflo§ at every
stage of ' the FFT is consi?ered for this simulation. Thé
computer simulation results of the l6-point modified FFT are

presented in chapter VI.

L]

‘A.3  16*16 FFT PROCESSOR SIMULATION

The 16*16 point FFT processor 1s simulated under the.same
conditions as the 16 point FFT processor. Having done a ri-

gorous computer simulation, it is found that scaling at each

" stage of the raw FFT is sufficient, with no scaling in the

column FFT. At the output of row FFT, the sample magnitude
becomes so small that scaling in the column FET is avoided.

Figs. A.4 and A.5 show simulation results for cases (1) with

© no averaging and (2) with averaging.

61“
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A.4 64 AND 256 POINT FFT PROCESSORS SIMULATION-
rd

The radix-4 DIT FFT based 64 and 256 peoint FFf procéssors
are simulated in a different way. Here, modified 16 point
DIT FFT of 1increasing wordlength of i bit/stage is ccgsid-
‘gred. Coefficient QUaptizaEion effects are included. Figs.

N .

A.6 and A.7 show noise/signal ratio of 64 and 256 point FFT

processors for - the case of 1limiting the wordlength at the

16-point FFT output by truncation. Figs. A.8 and A.9 illus-

trate the sigpulation results for the case of rounding.

Signal/product wordlength for any hardware realization is
o

determined by the reguired signal-jo—noise ratio. Of course
the complexity and.cost of the prdcessor implementation in-

creases with the signal wordlength.

AMAAE el . caeo. s



) Appendix B
- PRACTICAL CONSIDERATIONS OF HIGH SPEED FFT

' The proposed high speed FFT proEssype has been fabricated
and-testéd at Interactive Circuits énd Systeqs Ltd., for the
Deparﬁment of National Defence. ' The paréllel pipeline ra-
dix-2 16-point-FFT i< considered for the -real{zation.-' To
reduce the initial prototype devélopment cost and to examine
the processor performance, an eight point FFT 1is used. To
realize a l6-point FFT, the 8-point FFT unit is timeshéred
with appropriate twiddle factor multiplications at the input
of a.ls-ﬁoint decimation-in-frequency (DIF) algorithm (Fig.
4.9). Fig. B.l illustrates the implementation of 16-peint
FFT. | |

In a DIF butterfly signal_ flow -graph, tﬁé output sample
at thé upper node is the sum of two input -samples whereas
the Sutput sample in the lower node is the difference of the
input samples muitiplied by a twiddle factsr coefficient
[49]. For the thardware realization of the first stage but-
terflies, the ;:éss?mples appear at the upper output noédes
earlier than the @}fference samples -at ihe lower output
node§.. Becausé‘tﬁé lower (difference) §amp;es reguire com-
plex multiplications it takes longer time to get the samples

at ‘the lower output nodes. Hence it is convenient to

- 160 -
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" timeshare a single B8-point FFT unit on the sum and differ-

ence samples of the first stage butterfly of the 16—poiht
FFT. As soon as the sum samqles are available at tﬁg’output
nodes of the first stage, Eﬂe B-point FFT unit starts pro-
cessing these sampd;s. Since the data movement in the
B-peint FFT is in a parallel pipeline fashion,. the 8-point

FFT can accept the data as soon as the difference samples

-multiplications are compléted. - This way an eight-point FFT

f§“‘qu1tiplexed to complete a 1l6-point transform. This
procedure leads to SaﬁingS'in hardware at the cost of a re-
duction in the throughput rate.

' 4
The radix-2 Adder Unit (AU) 1is shown in Fig. B.2. It

consists of two adders and two subtracters. Since two's
complement arithmetic is used, inverters are placed before
the adders to achieve subtractions. Latches are used at the

input and at the output for the pdrailel-pipeline operation.

Three 4-bit adder chips are used to get 12-bit addition. -

Two 'Hex-Inverter’' chips are used to get 12-bit inversion.
Six 8-bit latches are used to hold the data of two sets of

12 bit complex samples each.

" The radix-2 ROM multiplier array is shown in Fig. B.3.
Four‘mulﬁipliers, each-éonsisting of three (4Kx4) PROM chips
are usgd.. Two 12-bit adders, each ;onsisting cf three 4-bit
parallel adders are included to add the product terms.

Again latches are used to achieve parallel pipeling opera-

tion.
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) The fébricéted 8-pofnt FFT consists of 312 Intégfated
-Circuié chips, conéumingn42 watts of-pqwér. The - per éample
daﬁé'throughput rate was 123 MHz. Instééd of designing with

- the discrete logigc components, VLSI techniqués may be ap-

. plied to reduce the number of. Integrated Circuits and hence.

the power consumption.’

<
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