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ADAPTIVE OPTICAL FILTERING TECHNIQUES

The purpose of this study is to examine the potential of

using optical information processing technology for adaptive

beamforming. The adaptive beamforming problem consists of

estimation of the covariance matrix of the noise field and

inversion of the covariance matrix to obtain the weights for the

elements of the antenna. There are numerous algorithms that have

been developed for this problem. Our concern here is to examine
"4.

the adaptive beamforming problem in view of the capabilities of

optics and identify areas where optics can be used to benefit.

There are two basic approaches to the problem: iterative

solutions and direct oovariance matrix inversion. In the

iterative approach, the covariance matrix is never formed and

thus a direct matrix inversion operation is not required. An

optimum set of weights is estimated iteratively, by adjusting

each weight to minimize the degree of correlation between the

output of the antenna and the signals received at the individual

elements. The implementation of the algorithm requires an array

of complex multipliers to set the weights and an array of

multipllers/accuuulators to perform the required correlation

operation. Simple analog optical systems can be configured to

Implement the iterative algorithm. For instance an array of

multipliers can be implemented by an array of LEDs imaged through .

a multichannel acoustooptic device. Accumulation of analog

products can be optically realized by temporally integrating such -
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products on a temporally integrating detector array or an

optically addressed spatial light modulator. The more important

issue is what are the possible advantages of the optical

implementation over an electronic analog solution (the approach

that Is primarily used now). The accuracy (which is directly

related to null depth) is in general comparable since both

systems are analog and have similar limitations. An advantage of

the optical system is smaller size, weight and possibly cost.

These factors may be quite significant in a space-borne

application, but it does not appear to be significant enough to

have an impact for airborne or ground based applications. The

difficulty with using an analog optical system to perform

adaptive beamforming for a narrowband linear antenna array is

that the optical system is asked to do too little; only a

relatively small one dimensional array of multipliers Is needed.

Normally, we apply optical signal processing techniques v.

effectively to problems that require a much heavier processing

load, thereby utilizing the full capability of optics and thus

obtain a clear advantage over alternate approaches.

There are two possible extensions of the simple one

dimensional adaptive array that we have considered thus far, to

which optical techniques may be more effectively applied. The

first is large two dimensional arrays consisting of several

thousand elements and thus requiring an equal number of analog

multipliers for adaptive beamforming. In this case the ease with

which such large parallel arrays of analog multipliers can be

2
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optically implemented provides a clear advantage. A second area

is adaptive beamforming of relatively smaller arrays, but for

broadband (spread spectrum) applications. In this case, effective

interference cancellation can be achieved only by having multiple

taps at each antenna element. For large signal bandwidths

(several hundred MHz) in a dense interference environment we may

require that each antenna element have hundreds of taps. This

again leads to a requirement for very large arrays of analog

multipliers. Adaptive beamforming of broadband antenna arrays is

probably the most promising application of analog optical methods

in this general area. We have studied this application in detail

and have developed optical architectures specifically for this

problem. A detailed description of this processor can be found in

the papers attached as Appendices A and B to this report. Another

approach to this problem is described in RADC report RADC-TR-83-

1561.

The most obvious limitation of the analog implementation (be

it optical or electronic) is limited accuracy. Moreover, the low

accuracy restricts the algorithmic flexibility to variations of

the iterative algorithm, which has the added problem that the

convergence time is a function of the eigenvalues of the noise

oovariance matrix. Shown in Figure 1 is a diagram reproduced

from RADC report RADC-TR-81-1302 which plots the null depth as a

function of the number of bits of accuracy for several direct

algorithms as well as the iterative algorithm. It is seen that

for the iterative algorithm an increase in the number of bits

3
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beyond eight does not provide significant improvement in

performance because the residual error due to the finite number

of iterations becomes dominant. Much more effective interference

suppression can be obtained with a direct algorithm if sufficient

accuracy is used. The significance of this result when we

consider methods for improving the performance of an optical

adaptive array processor, beyond what is obtainable with an

analog system, is that we must find ways to drastically improve

the accuracy and also find ways to implement direct algorithms.

It does not appear that we can use effectively an inaccurate

optical processor that implements a direct algorithm or a very

acourate one that implements an iterative algorithm. A large

number of optical architectures have been developed over the last

several years for performing matrix operations (vector/matrix or

matrix/matrix products). These processors can in principle be

applied to the implementation of direct algorithms by structuring

the algorithm so that it can be implemented by successive matrix-

matrix products. Direct algorithms are generally M3 algorithms,

i.e. the number of arithmetic operations required is proportional

to the cube of the number of elements in the array. When we

Implement such an algorithm with successive matrix/matrix

products, normally N such products are needed and since each

matrix operation is an N3 operation, the optical implementation

requires N4 operations to solve the N3 problem. We have exam ined

the possibility of optically implementing a matrix inversion with

Noperations but we were unable to identify a viable solution.

if such an Implementation can be identified, then this would be a

5
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gnifioant advance since it would become much easier to obtain a

ieed advantage with optics. We have also examined the problem

pipelining successive matrix operations as is required for the

iplementation of a direct matrix algorithm. A space integrating

trix-matrix multiplier was developed that has the capability of

illy efficient pipelining: the format of the product matrix is

raotly the same as that of one of the Input matrices. This

totem is described in the paper attached as Appendix C to the

oport.

The accuracy of essentially all analog matrix processors

in be improved by processing digitized (binary) data through the

ie of the digital multiplication by analog convolution algorithm

IMAC). This algorithm, can provide accuracy superior to that of

2e analog implementation, but it reduces the processing power

-he maximum number of multiplications/additions that can be

nplemented) and increases the complexity of the post detection

Lectronics, since analog to digital converters are required to

oduce the signal produced by the optical system to true binary

)rmat. In what follows we examine these trade-offs.

A schematic diagram of a generalized optical processor that

irforms linear operations using the DMAC algorithm is shown in

Lg.2. The system has N1 input parallel spatial channels and each

me of these channels accepts binary bits at a rate B 1. Each

lannel may accept bits from a separate external information

)urce or alternatively, each channel accepts the bit that was at

me adjacent channel during the previous cycle (one cycle=l/B 1

6
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moonds). The information in each channel is multiplied by M

tfterent bits in the optical processor. We call H the fan-out

actor. The system has N2 parallel output channels each having

Dmporal bandwidth B2 . The signal detected at each output channel

5 then electronically converted to the binary representation by

n A/D converter. Having defined these parameters we can

haracterize the performance of any specific architecture without

arther knowledge of the details of the implementation. Thus we

ill be able to derive some guidelines that are generally

pplicable. The number of *bit-multiplications" that the

rooessor performs per unit time is equal to N1B1 H. The number of

it multiplications that are required to realize one

ultiplication between two integers with DMAC is aK2 , where "a"

s a constant between 1 and 4, depending on the efficiency of the

pecific implementation, and K is the number of bits that are

sed to represent each number. The processing power, P, of the

,verall system is:

P 1B 1M/aK
2 multiplications per second. (1)

learly, P is a number we wish to maximize. The number of analog

o digital conversions that need to be performed per unit time 7;

s8:

C N N2 B2 A/D conversions per second. (2)
2L 2

,gain it is clear that C is a number we wish to minimize in order

,o keep the complexity of the electronicsat a minimum.

7
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reciate this fact, we define the ratio

..- .5'

h a direct comparative estimate of the optical implementation .."'

sus an all digital implementation. If for instance R~ were

al to one, then only one binary multiplication is being

'formed by the optical system per A/D conversion. Since it is

lut equally difficult to perform multiplications and A/D

kversions electronically, this would be a strong indication

it optics offers no advantage in this case. In order to

ermine the maximum value for R we consider the characteristics

the output stage of the processor. The number of bits that are

Lng generated per unit time within the optical processor is

aal to aK2 P. The number of samples that are being transferred

rof the optical processor per unit time is C. The ratio

2

I P/C) is equal to the maximum number of bits that is

umulated (through either spatial or temporal integration) to

'm each output sample. Therefore, this ratio cannot exceed the

;put dynamic range of the system, Dp which is defined as the

sber of distinauishabjj signal levels that are produced by the

Lector and A/D converter. This gives us a very simple upper

and for N:

2R < D 2 /aK .(4)

9
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of the array and also is the temporal reference signal used for the detection of
ed signal. a(t). It can be derived by feeding a tapped delay line with sct), the
om the Ith tap corresponds to si(t) and the tap spacing is adjusted to obtain the
ok direction:

ofst-ia) - s(t-i(d/c)cosa) (9

,a the desired look angle from boresight. d is the array element spacing, anid c is

iof light.

A
Fig.9 Multi-Channel Acoustooptic Correlator

h n Wnto

h, ceso (tri

Pig~~~~~P7iOso BrabadAdpi rra Poeso

showE the optically implemented adaptive array processor with the AOD-implemented
me f ilIter in the upper branch and the n-channel correl ator in the lower one. BJ
i Eqs.(7) and (8), the equation that determines the filter function, hi(t) is seer

N T/2

i-1 T/2

4s the feedback gain. Under conditions of low input SNR and large feedback gain 4.
kn be transformed to the frequency domain to yield

N
H (w) I *(w) (W inc2 I(W-W 1 )T/(2ff)Idu1  S(W~), (

B-6



ical processors are particularly attractive candidates for adaptive broadband array
I processing because of their inherent. multidimensional processing capability.
wer. the broadband requirement can be met by the use of broadband multi-channel AOD's;
arge time-bandwidth products that are available translate to the possibility of
enting very high order transversal filters. The acoustooptic processor which we now

Lbe is an extension of the active temporal processor described earlier. to the space-
domain. Bore. we employ a combination of multi and single channel AOD's to perform
equired operations.

a output of a general, space-time filter. with a finite accumulation time can be

nued as

N T/2

t) " " xij()hi(t-%) dr. (4)i- T/2 /..

xi(t) is the signal from the ith antenna element, and hi(t) is the filtering function
ch channel. A similar expression is obtained for the optically implemented space-time
r using two multi-channel AOD's shown in Fig.#. The output of this filter Is

T/2

t) = (I/T)! xi(t-T)hi(t+t) d-. (5)
-T/2 x

we see that the only difference from the general filter (Eq.4) is in the tinge
ession of the output. It can be shown that the optimum choice for hi(t) in Eq.(S)
fies the system of integral equations:

T/2
-TI 2 hC t')ij(,-c) dr - Xsi(t-U. (6)

s (t) is the desired signal vector and yij(t) is the covariance matrix of the input
given by

j(-T) - E (ni(t)n!(t-r)I.(7

is the noise vector appearing at the array elements.

Fig.$ Acoustooptic Space-Time Filter

)r adaptivity, we need to calculate and continuously update the filter function h (t)
rive the output to the optimum result. As with the previously described Active
tssor, the output must be correlated with the input to produce the appropriate filter
tion. Since the array processor has n inputs and one output, this requires that we
elate n signals with a common one. This can be achieved with the arrangement shown in
P which shows the use of a multi-channel AOD driven by the n antenna element outputs.
onjunction with a single channel AOD which is driven by the array output signal.
ifically. the output of the ith element of the linear detector array of the correlator
,ven by

T/2

L(t) - (l/T) I y(t+%)x!(t+2v)dv. (a)
-T/ 2

proper correlation to appear at each output. the signal driving the single channel AO-
be time-compressed by a factor of two. This is indeed the case for the syste.

ribed. and thus, the AOD implemented space-time filter and the n-channel correlator
a single reference are compatible.

hown in Fig.l0 is the array processor systen! diagrair that shows the interconnections
are required; it is a direct extension of the Active Processor to 2-dimensions. The
ut from each antenna element is correlated with the proclssor output to produce the
or function for that element. The steering vector, si(-t), determines the look

B-5
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Vrig.6 Adaptive Optical Processor (Active)

Ill.. £adIY2 Af.2At22Rtig AIL*Y PL22Mua

general adaptive scheme is Shown in Fig.7 in which each channel corresponding to one
element is filtered by a transversal filter with n controllable tap weights; if the
has N antenna elements, then the array processor requires the adaptive control of nK

kendent weights. Therefore, the computational load for broadband adaptive phased array
easing is much heavier than that for adaptive temporal filtering because here, the
rprocessor must adapt in two independent dimensions: space and time.

VA

Fig.? General Adaptive Array Processing Sche

B-4



Correlation can be performed with the convolution configuration just described by time-
eversing the input to one of the AOD's. This, however. is not acceptable for real-time
peration. Shown in Fig.4 is a space-integrating processor which provides the relative
,otion between the two input signals that is required for correlation by using a
lemagnifying system between the two AOD's. The diffracted light from the first AOD Is
maged with a 2:1 magnification onto the second AOD. and the diffracted light from both
OD's is spatially integrated onto a single detector. If the input to the second AOD is
ime-compressed by a factor of two. i.e., i4 (t) - I5(St), then the correlator yields

12 (t) f T/ i1(t+2v)i4 (t~v)dv t+TI i;(,)i5(t-%)dT. (3) i
-T/4 t-T/2

s its output. The above is seen to be a finite window correlation of the two signals.
3 (t) and is(t). The advantage of obtaining the time compressed output from the convolver
,s now clear, since it can be used as the input to the correlator just described and thus
obtain a consistent. cascaded convolution-correlation operation.

A

Fig.4 Space-Integrating Acoustooptic Correlator

The optical implementations of the Passive and Active Processors are shown in Figs. S
and 6. respectively, and they differ only in their electrical interconnections. Fig. S(6)
La the system of Fig.l(2) with the optically implemented blocks of Figs. 3 and 4. In both
:&ses. the upper branch of the processor computes the correlation while the lower performs
the convolution. Since the~convolver and correlator have a common input, the first AOD is
shared. A more detailed description can be found in the previous publication4 .

o., ,.0. p..,-,, o

,(')010h [),'+ , .V.b0 I

IMO)"t (output %

P19.5 Adaptive optical Processor (Passive)%
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For signal detection. where a known broadband signal is to be detected amidst an
idditive collection of narrowband jammers of unknown frequencies, a different syster is
required. Shown in fig. 2 is a system diagram of such a system, the Active Processor, along
tith a brief, mathematical description of Its operation; a complete description can be
Found in reference 4. As with the Passive Processor. the basic operation of this system can
,a understood using heuristic arguments. Suppose that the input consists soley of a large
implitude sinusoid of frequency f , and the desired waveform. s(t), is a broadband signal.
Cith the loop opened at the summfng junction, the output. e(t). will consist mostly of a
iinusoid of frequency f a this signal is then correlated with the input to produce another
tinusoid of the same Nrequency at the summing junction. When the loop is closed, the
)utjut sinusoid resulting from the convolution of the input and the code waveform, a(t), is
IO out of phase with that which is produced by the feedback signal, and hence,
:ancellation of the sinusoid takes place. Again, the feedback signal is negligible for
small amplitude broadband signals.

Both the Passive and Active systems require convolution and correlation as the basic
uilding blocks. In choosing the architecture to be used, we consider the following
important requirements: I)wide bandwidth, 2)dynamically controllable convolver and
"orrelator. S)convolver - correlator compatibility. 4)large dynamic range. These
:onsiderations lead us to choose a space-integrating acoustooptic architecture.

Fig.2 Space-Integrating Acoustooptic Convolver

Convolution can be performed with two AOD's as shown in Fig.3. The diffracted signal
from the first AOD is imaged with unity magnification onto the second and, in the coherent
realization shown, the diffracted components are spatially integrated onto a single
detector whose output photocurrent is

T/2
11 (t) a I j i(t+0:i 2 (t-T)dT. voxiv. T-W/2. (1)

Li(t) and i2 (t) are the complex amplitudes of the AOD input signals, v is the acoustic
velocity in the AOD. and W is the physical length of the AOD aperture. This integral can be
manipulated to yield the more familiar form:

t*T/2
13(t) * / i1 (w)i2 (2t-r)d:. (2)

t-TI2

which is recognized to be a finite window convolution, time-compressed by a factor of two.
he seemingly troublesome compression is actually an advantage in this case as will be

Dpperent when we consider the correlator Implementation.

B-2
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Appendix B 19-09
~ iveAostooptic Procemor

Demetri Psaltis and John Song
Department of Electrical Engineering. California Institute of Technology

Pasadena. Calif. 91125

Space-lntegrating, acoustooptic processors for adaptive, temporal filtering are
examined. The basic architecture is then extended to the space-time domain for application
in broadband phased array processing. An acoustooptic processor capable of such 2-
dimensional. adaptive processing is described.

I.IfkLrad .tifln

A major portion of optimum filtering theory concerns itself with the efficient
separation of useful signals from additive noise. Fixed optimum filters, such as the
Wiener filter. are applicable when the signal and noise statistics are stationary and known
apriori; the lack of such apriori knowledge, however, motivates the implementation of *

adaptive filters which estimate the required signal and noise characteristics. The
implementation of such filtering techniques requires a processor which must be able to
compute various correlation functions of signal and noise and change its transfer function
accordingly. %

The situation becomes considerably more complex when one is required to adaptively
filter signals in the space-time domain, as in the case of broadband array processing. The
number of broadband jammers that an adaptive processor can cancel without compromising its
directional discrimination can be uped as its performance measure. Electronic
implementations of such array processors have exhibited limited performance with respect
to this measure. The transversal filters responsible for temporally filtering the outputs
from the array elements are of low order and hence, operation is usually limited to
narrowband signals. due to hardware limitations.

The bandwidth requirements and the parallel nature of array processing make optical
implementations attrastive. Various opticil implementations have been explored by
researchers in the area . In a recent paper . we described two optical adaptive filters
for use in the time domain. These implementations are strictly one-dimensional, requiring
only one dimensional devices, permitting an extension to the space-time domain through the
use of multi-channel AOD's. In this paper. we briefly review the operation of the
temporally adaptive acoustooptic filter. After this foundation has been established, an
adaptive array processor utilizing multi-channel AOD's in a space integrating architecture
will be described.

1L AdAUv- X2=Qa l MILus

To be adaptive, a processor that optimizes either the mean-square error or SNR criterion
must compute various correlation functions of the input signal and noise and vary its
filter response characteristics accordingly. Specifically. we will consider situations
where the signal is broadband and the additive noise consists of strong, narrowband jammers
whose frequencies are unknown; the jammer frequencies must be estimated for effective noise
rejection.

Shown in Fig.1 is a system diagram of the Passive Processor which was shown to
adaptively perform an approximate Wiener filtering operation. The operation of the systen V.
can be explained heuristically In the following manner. Suppose that the input consists
soley of a single sinusoid, and consider the feedback signal, 1(t). with the loop opened at
the summing junction. The Input sinusold is first convolved with a replica of itself,
delayed by e to produce'another sinusoid of the same frequency, also delayed by a. at the
input of the correlator. This is then correlated with the input delayed by v to produce a
sinusold with the same phase as the input sinusoid appearing at the summing junction; the
delays. I, cancel out due to the cascaded correlation-convolution operations. The
possibility of stable cancellation is now apparent since the two signals, the input and
feedback signals, which are subtracted at the junction. are identical in frequency and
phase. Cancellation does not occur for a broadband input, because it correlates poorly with ..
delayed versions of itself, resulting in a negligible feedback signal, 2(t). The passive
processor thus discriminates against narrowband components of the input signal, while
preserving the desired, broadband components of the input, making it suitable for signal
estimation.

B-I
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prin or distingniabsh be -e othewinnouajamming Current* being built in th. laboratory, and future re-
smaip~esntatheinut.searchi will iude the expenmental verification of the

TheoptiCa~Fl m p ltdactive procesr isshown operation of the system s well as statistical chara-
schemsatically in Fig. a. the active system differ from teuhzation of the effects of the finite apertures Of the
the MM offily init electrical ' ' P -M Heve AOD& and detector maiss
the output of the systems is a tM copese aSignal
elum it is taken at the output, of the.ovOle;; this
preset sno problesm sice the output signal is a or. Thi wor is supote by th O Air Develp- S

releion peak and we are interested in detection rather ma etr
than estimaion. As in the passive cMs, the GoInvok-lvetrosw
output drives AOD3 of the correlator. The comrlator
outpu is then subtracted froms the time reversed ref-
Oren"e signal (the matched filter impulse repm)to
form the input to AOD2 of the CouvolVeE noes that even L A- P. AMslhme. Adaptv ArAv WE Thnm Ante.
though the output is time compressed, the tim scaling P10M3 AF-34. M 09761).4
is comapatible for all the signals within the system TO "Ad&*" P.3.M MinteSJ.rfh dU 3.213. M .
M this mor pecisely, we examine the input-output L. x. _ soon, "rmouesI Fltor Tecaidquas for Aapti Arma

equation for the active systm; using Eqs. (16) and (17), APHPWPo IRS 13, Parts F4K. 29 (Feb. Ion).
we obtain 4. IL Moqhr and L3. O C hpt.."An Adaptive Arma for Ins.-

fot hMve Rgisshiea," Pis=13 61, 745 (1973).
.0 f (1 T '(8~ + irew( - twdv L IL W. Ltuky. "Adaptive 3ud~mimsy Romn in Det T"ie-

"-p's uhbige," 3 SOUL. Tech A 47.849(1MO.

M (ITI) TM z(t + I)zI(t - I + b)$~t - 7 ,)dd. & K Soda "A OO Neb Caolo. Bod AyL
ff-/4J. 447 (1617

(33) 7. L. Wide. et .L, "Adaptv Noi. Qailng Pihepie md
APPlHatim, Pmo. 1M3353,152 (1175). .%

whersec(t)as the system output. Under!.. SNR corn- & D. L. Mow .. and Cmis. "Rmd Time Adaptive Un.. Pre-
ditions, Eq. (23) can be approximasted by simUh eZu M.SaeosmtAgrse,1

T/4 ?W Asuet Speesh, SIgnPos AMP-3d,4494(IM7).
00)a (IM At fs+ 0u60 -.8)dv 9. J.33@a.B. KinD.DBbe, adHItOhh, Adptive

f-TM Demewohludo. V1Mg SAW Starove Cemhtus." MMTrans
-(/I,'(+r m(-/bitV*4~V Uk Misiov Theory Tech NMf-3, 019101.

fi-TM 10.~L J. Gffth. "Ppid MooviemotofI.Aatwoe Fr-
qumey, "=7m.Aoomnt. p=*h~Sjpdom AMP-U(24) me0(1976).

The output spectrum is easily calculated from Eq. (24) 11- J. Kelord and 0.Grown, "Tim Urn of LA Asdatvo Tkhreeul
to be Demat to Deedg a IAsMs Optbda Pam. Choo~r. 133

T~vao lot. Thinmy MI-242 (1NS).

NO) f 0X(*)30(w - a) inc(w - S)T449 12 . Newulk Ysshb~ . 1 368)l. Soh kPo

1+ (0/41,S) f lN()'iac'limm - so)T4vide "CCD Adapuiv Diems.o Amiss Signal Piomiq 133 J.
IeIbd4kat Cievls KC-14, 132 (IM7).

(25) 14. C. F. N. Ceum I W. Aris. J. Mma. mi P.3B. Doaemr, "
Deud Adepbiv Fili.. Reelinstiona d Aabo1333 Tnm,

Aside from the appearance of the siac fuinctions which AevSpos Siga N AMP3, no2201611.
arise due to the finite apertures o( the AODs and the I&. . hak etL. **n..ive Color*Multiplexed Uecsveaptisml
tim Comprsso, E. (25) is qute similar toEq. (9), the Pro,." loo . US (17)
matched filter result 16. D. Peskine a L, "Iteistiv Optical Piosmm for Adeptive Pbm.

Army Rind. Appliostiein, Pros Sot- Phote-Opt Inomm ff03.

v. C-utes 3Ilk 114 (1975).
Two dapivesystms artculrly uitblefor 17. J. F. Rhoa."Adaptive Fift., wit a Tim-omai Im . ven
Two dapive"stam artculrlysuiabl ft us ian Using Csnehtia Camemilitiom Loops. Appi. Opt. 32 2

is narrowband Jamming noise environmeonts hae been (lge).
prseted. The passiv system haa been shown to he I& A. Vomi.LqAdVApti Op"in Premmm -. Appl, Opt. 21,4M6
appropriate for estimation purposes while the active, (161).
for signal detection. A particularly interesting sie. 1t. A. N. Lee. N. J. Sets. ani P. B. Diody. "Higb Speed Adaptiv
"ea of this work is the implementation of time-apace Mon ad Reosruto of Broulbead Signals Using Av

adaptive filters for processing brodband sinasfro 003515b Teaoimase h Aroseedaila Ukmwmns SYMPeeUMw
phased array antennae. Te processors described in u.(16M).415-9"1.

0.W. Daveapersed W. RestImtvedcem ta Thwy'fwelo.
this paper are temporal filters but since they are Im- Sig..I &nd Neaue (Mscsa.*IU. Newr Yak 1367).
pbUmNted in only one0 dimenfSion, it is PNWOmle through 21. A. Yori,. Qswmtuon Zietreeiee (Wiley. New YorL S. )
use of multiple transducer AODs, to implement a 2-D a. W, T. Rho"a. "Aseste-Opti SiVma premig Couvelutom
timse-apc adaptivefiltar. The 1-D p rosr are ani CorelaslemP Uies 00,365 (lost).
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Z(w) a X(w) - (G14r 2) jf NO(,) Z()aX()

X N(P) expl-j(O - a)u]Z(* + a - D) 1 + (G4grt) j..IN(.)l' 4(, - )TI/4vid

X uiac(w - &)T/4r] aincl( + a - 20)T/4rdadl. (2)) (22)

The double integral of (20) can be approximated by a Except for the presence of the sinc function in the de-
single integral since it becomes appreciably large only nominator due to the finite apertures of the AODs, Eq.
near the region a so that (22) is quite similar to the Wiener result, Eq. (6).

Shown on Figs. 6 and 7 are plots of Z(w)IX(w) for anZ(W) a X(*.) - (G/4r3)Z(4i) . INW) input consisting of two sinusoids, one at 9.8 MHz and-,
X sumc~l(w - e)T~lda. (21) the other at 10.2 MHz the rt plot is for T - 10 sec,
S ifZ giesi( -)()while the econd is fo T - 50 wmec. Clealy, the finite

Solving for Z(0) gives aperture of the AODs limit the resolving power of the
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been incorporated into one system requiring only one r/4
light source and three AODs. The correlator and con. W(O) - (In1') - (+ 2)i(t + t)dr. (17)

volver share, in effect, the AOD which is driven by the
system input signal x (t). The input signal, translated Equations (16) and (17) are simply Eqs. (13) and (14),
in frequency to w, is applied to AODI and the summing respectively, with the carrier frequencies suppressed.
node before entering AOD2. The convolution is per- These integals are different from their counterparts
formed by the lower leg of the processor and the corre- found in Eqs. (1) and (2) in two important ways. First,
lation by the upper leg. As shown in the previous sac- Eqs. (16) and (17) have finite limits of integration lim-
tion, the optical convolver takes its two inputs, each at ited by the maximum transit delay time of the AODs.
the carrier frequency cft and gives their convolution, Also the arguments of the integrand are different, and
compressed in time by a factor of 2 and translated to these differences reflect the time compression problems
2wo, as its output. This output is then used to drive of the optical convolver and correlator referred to ear-
AOD3 of the correlator, recalling that to achieve a lier. In both cases, the integration limits extend from
proper correlation, one of the correlator inputs must be -T/4 to T4, where T is the aperture of each AOD in
time compressed by a factor of 2 and translated to 2wo, units of time. With Eqs. (16) and (17), the input-out-
we see that its output is free of time scaling problems. put equation of the passive processor is
This signal is then subtracted from the input signal to ,., -

form the system output z(t) which is fed back to the z(g) - x(f) - (G/ f) eu-r1 z,(t + 2 - a)
convolver via AOD2. The delay element which is nec-
essary in the passive processor can be realized simply X x0 + - + v - e)z(t - r + UWdr,, (18)
by translation of AODI along the direction in which the where, as in Sec. 11, z (t) is the system output, and x (t)
acoustic signal propagates.

We now derive the output of the optical passive a (t) + n(t) is the input; s(t) is the broadband signal,
processor that is obtained under the conditions stated and n(t) is the narrowband interference. The delay
in Sec. If. We begin by stating the mathematical op- element a causes the broadband components to become
erations performed by the optically implemented blocks decorrelated so that the narrowband components
of Figs. I and 2; with iI and i as the inputs of the blocks, dominate the double integral of Eq. (18) yielding
the convolver block output is given by r/4) - z(t) - (CIT') ff - , .'.' ,rd( ,I2)ff r/4 no(( + 2v - ar) -

U) 01 (1T) i( + ,)wt - ,)d,. (16) x af+ r + V - ,)z(t - r + v),dv. (19)

and the correlator block output is given by Fourier transformation then yields

i Ocow 19"4 1Val. 23, No. I / APPLD OPTICS 3479
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of the AOD note that the Brg condition, Eq. (10), was II

used to derive the last line of Eq. (11). The iust term
on the right-hand side of Eq. (11) corresponds to the dc
or undiffracted light which is unmodulated to first
order. The second term corresponds to the (-I) dif- -
fracted order, which is modulated by a,(t - x1v), Dop-
pier shifted by -e, and deflected by an angle 290. The
amplitude distribution, A i(x,t) in Eq. (11), is then im-
aged onto the second AOD by lenses Ll and L2; the f YUiing reverse the spatial coordinate z. The second c .

AOD is positioned at the Bragg angle with respect to the ig. 4. Span iteating OPOW Mniatl.
dc component from AODI, and, therefore, a portion of
it is diffracted at an angle 29B by AOID2. The major
portion of the diffracted beam from AODI passes coordinate of the signal in AOD3, so that the two signals
through AOD2 undiffracted, since it is not Bragg- are copropagating at AOD4. The imaging system has
matched, and it propagates in the same direction as the a 2:1 demagnification ratio, so that the velocity of the
beam diffracted by AOD2. The remaining components image of the light that is diffracted by AOD3 is half of
of the light at the exit of AOD2 are angularly separated that of the acoustic signal in AOD4. Thus the signals
from these two components and, therefore, can be in the AODs continuously translate with respect to each
blocked at the focal plane of lens L3. The two compo- other. The undiffracted beam from AOD3 is incident
nents of interest are given by at the Bragg angle of AOD4 corresponding to its 2&of

center frequency. The demagnification by a factor of
Az.) a a2( - s/v) ezp(-j2r infaz/)M p(aot) 2 increases the angular separation between the dif-

+ "i(t + l1) zp(-j2r insx/k) fracted and undiffracted beams from AOD3 at the plane i
* ex zp(-j) tactz/W. (12) of AOD4. Therefore, the two diffracted beams from

The first term on the right-hand side of Eq. (12) is the AOD3 and AOD4 are parallel to one another when they
(+I) diffracted order from AOD2, which is modulated enter lens L6. L6 forms the Fourier transform of the
by a2(t - x/v), Doppler shifted by uo, and deflected light exiting AOD4, and a photodetector spatially in-
from the dc by 2 OB; this beam is collinear with the (-1) tegrates the entire spectrum. Through a development
diffracted beam from AODI [Le., the second term n Eq. similar to that illustrated for the convolver, we find that

(12)]. The light amplitude at the hack focal plane of the photocurrent from the detector in Fig. 4 is
lens L3 is the Fourier transform of Eq. (12). A detector f . TI4

with an active area sufficiently large to integrate the E- J-I r/4 lsi(t+ 2T) ezpj4)

entire transform is placed at the Fourier plane, and the
resulting photocurrent is + s(t + ) zP4J2&)] ezp(Jk)dvjdk

TI!/ ri/2 7/T4 r/T4V.
li(t) u J-TI Ia(t + 0)I'dv + f az(t - r)I2dt G 1&14 + 20Idr + J a(t + 014T)

-/2 jr/-?Ir/ + 1  4

+ 2Re esP(j2w) MI(( + v7f( - )dj. (13) + 2 Re ezp(jwot) J s/ft + 2v)a2(1 + 7d? (14)

where r - xlv, and T is the acoustic delay through the where k is the spatial frequency variable at the output
aperture of the AOD, i.e., T - W/v. The first two terms plane. The limits of integration of the correlator are
on the right-hand side of Eq. (13) are low frequency half of those of the convolver. This implies that the
components, and they are removed by filtering. The apertures of the AODs used in the correlator must be
third term is the desired operation which is the convo- twice as long as those in the convolver to obtain equal
lution of al(t) and a2(t). The convolution is com- integration limits. UnilluminatedportionsoftheAODs
pressed in time by a factor of 2 and translated to twice in the correlator and the convolver can be used for in-
the original carrier freqeuncy. Notice that in both troducing delays. The third term is the desired oper-
passive and active processors, the time compressed ation which resembles a correlation translated to the L'.
output of the convolver is one of the inputs to the cor- carrier frequency wo. If a2(t) - a O(2t), the third term
relator. Thus the correlator must be designed to accept of Eq. (14) becomes
a time compressed signal (by a factor of 2) in one of its M
input ports. - 2 Re ePW , f .4TISa;(.,a (t + ')da (15)

In contrast to convolution which requires an inversion le T I
of a coordinate, correlation requires that one of the which is a finite aperture correlation of the signals aI(t)
input signals be in motion with respect to the other with and 1 3(t) placed on the carrier frequency wo.
no coordinate inversion. Referring to Fig. 4, the cor-
relator consists of two identical AODs with counter- IV. Adaptive Optical Processor hnplmentaloMns
propagating acoustic signals; (o and 2,fo are the carrier A schematic diagram of the optically implemented
frequencies of the signals driving AOD3 and AOD4, passive processor is shown in Fig. 5. Through use of a
respectively. The imaging system reverses the spatial beam splitter, both the convolver and correlator have
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The Fourier transform of the output signal e(t) is
readily found to be

X1im)S*(W) X1i1)S910Li.). a * (9) r I*
1+ GINw )1 GIN()I2'

where EM) in the Fourier transform of e(t), and the last _A

result is valid if the feedback gain G is made sufficiently "_
large. If the input SNR is high, it is evident from the -,equations that the system will equalize the spectrum of t

the total input signal while simultaneously performing P M0atL 1 t i -4 2  g(t2.'t .

a matched filtering operation. Identifying IN( a) 2 as Fig. 3. Space intmpating optical convolver. *

the power spectrum of the noise, Eq. (9) is the matched
filter result.20 Thus, from Eqs. (6) and (9). both active
and passive processors share the common property of N
suppressing strong narrowband components that are problems combine to provide a solution in this case.
present in the input signal. This property, commonly We will show that a space integrating correlator can be
called line cancellation, is suitable in environments implemented with two copropagating AODs if one of the
where sinusoidal jammers are present for either esti- inputs to the correlator is time compressed. The output
mation or detection of broadband spread spectrum of the space integrating convolver can thus be used as
signals. one of the inputs to such a correlator. In this section we

describe a specific coherent realization of the acous-
tooptic convolver and correlator blocks. Several vari-
ations of these processors are possible, including an

. pg, pul incoherent implementation. We begin with the de-Th Otcaai ilters tscription of the convolver shown in Fig. 3. It consistsThe two adaptive filters that we described in the oftoA swihoppatngcutcsgns.Te, .
secton bth led ith onvover of two AODs with copropagating acoustic signals. Theprevious section are both implemented with a convolver 1:1 imaging system between the AODs provides the

and a correlator. There are several possible ways to coordinate inversion of one signal with respect to the
implement an optical correlator/convolver. In selecting other which is necessary for the convolution. Let s1(t)
an implementation that is best suited for this applica- and 8 2(t) which are of the form, s(t) - a(t) coslwot + %

* tion, we must consider the following requirements: ( p(t )J = Rea(t) exptjoot)], represent the signals applied
The optical filters should be capable of processing to the AODs; the complex envelope, a(t) - a(t)
broadband signals (1-GHz bandwidth) to be applicable expljp(t)], is the modulating signal, and to is the center %
to spread spectrum systems. This requirement frequency of the AODs. The first AOD in Fig. 3 is il-
suggests an acoustooptic implementation. (b) The luminated by a collimated coherent light beam incident
impulse response of the convolver and the correlator at the Bragg angle eB (Ref. 21):
must be dynamically controllable. The impulse re- A;
sponse of the correlator, in particular, is also a broad- tins - Xw/4dv. (10)
band signal. (c) The two filters must be compatible
with one another; the impulse response of the convolver where A is the wavelength of light in the acoustooptic
is determined by the output of the correlator, and the crystal, and v is the speed of sound in the crystal.
output of the convolver is one of the inputs to the cor- The interaction between the acoustic wave induced
relator. (d) We must select architectures that have the by the signal s 1(t) and the optical field causes some of
maximum linear dynamic range possible. Adaptive the incident light to be diffracted, and since the AODs .-.,
filters are typically used to process signals with very low are operated in the Bragg regime, only first-order dif-
SNRs; this implies that they must have a sufficient fraction is appreciable. For a more compact analysis.
dynamic range to place very deep nulls at the frequen- the induced acoustic signal in the AOD is treated as the -.

cies where the interference occurs in order to suppress system input; i.e., the fixed delay between the applied
it effectively. The acoustooptic space integrating electrical signal and the acoustic signal is ignored. The
convolver. consisting of two counterpropagating AODs, final results, however, are strictly equivalent. In the
an integrating lens, and a single detector, is well suited actual implementation, additional delays will be nec-
for this application in that its two inputs and the output essary to compensate for the delays intrinsic to the ac-
are broadband electrical signals, and a very high dy- oustooptic system. For weV2 modulation. the optical.
namic range is possible in this architecture. One po- field at the exit plane of AODI is given by2
tential difficulty with using this type of convolver is the A (x.t) lexpi-j 2w sinaz /A)
fact that its output is time-compressed by a factor of 2, + jim/2W'(t -x1) espf-jie(t - x/t)]
and thus it cannot be directly correlated with the input ""-t
signal as required for adaptive filtering. A second
problem is that correlation cannot be readily performed UnPe-i2w sin~gx /A) + j(m/21)( - z/eI ezp(-/.'oI)
with this architecture; one of the input signals must be X expU 2* sin~sa/MI rect(/W), (1),
time reversed before it is applied to the convolver to where m is a constant, x is along the direction of the
compute the correlation with such a system. These two acoustic wave propagation, and W is the aperture size
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presence of additive noise, but it requires that the au- Ivemws
tocorrelations as well as the cross-correlation of the
signal and the noise be known in advance. The filter I,( NM III -(0
that maximizes the output SNR is the matched filt r
which requires prior knowledge of the autocorrelation
of the noise and also the desired signal waveform. 12(t) t (t)

When the necessary correlation functions are not _ _ _ _ _

known a priori, they must be estimated adaptively from Sit)

the past history of the signal and the limited and qual-
itative information that is available. We assume that 01 0

*, the available information is as follows: the signal and
noise are uncorrelated, and the signal is broadband, as
in spread spectrum systems. We model the wideband
signal as bandlimited white noise, so that S.(a,), the pr

spectral density of the wideband signal s(t), is equal to ;iM) • o ('t--),'() of
So rectj(w - uo)/Aw], where a'o is the center frequency
of the signal and Aw is its bandwidth. The spectral R) . 6 .,(.)Yt,*) 6a - ( t
density of the interference n(t) is assumed to be un-
known, and it is adaptively estimated. F*g 1. Piuive Fmu'.

Shown in Fig. I is a system diagram, of the passive
processor, which will be shown to adaptively perfona
an operation that approximates the Wiener filter under

. the conditions stated in the above paragraph. The two uct).t..t) ) 00

necessary operations in implementation of this filter are
a convolution and a correlation. The convolver serves

,* as the variable filter that is controlled by the correlator ,t)
which estimates the correlation of the interference.
The operation of the convolver and correlator blocks are
described by the following input-output relations:

UM a E 4 - 4WI, 41) Fit. 2. Active ptacemr.

Wit) - il(t + rwr, (2)f" wZ" i *(t 12 G XX, ())

where ii(t) and i2(t) are the inputs to the blocks. Using Z(F)a1 +G(w)I' ZIG *N( )I'x(w). (6) [L
- Eqs. (1) and (2), we find the relationship between the The input signal to the convolver and the correlator in

input and output signals, x (t) and z (t), respectively, of Fig. I is delayed by the same amount, and, therefore, the
the passive processor of Fig. h output of the convolver-correlator combination I (t)

4r -- becomes independent of the delay. This is an impor-
tant result since it assures that the feedback signal f(t)

)is inphase with the input signal, and hence the systemI X(I),- G ff.: E 0(a.. - ) + no(* - 0i will be stable. With G - I/So and identifying IN(w)12
X a )( as the estimate of S. (w0), the spectral density of n (t), Eq.
x I + a -, - e) + ni + a - v - u)Jdadv ( (6), describes the output of a Wiener filter.2°

wr aWe now show that the active processor, shown in Fig.
where is a time delay. Low input SNR, along with te 2, adaptively performs matched filtering. The exact

* assumption of the uncorrelatedness between the signal input-output relationship is given by
s(t) and the noise n(t), results in the reduction of Eq.
(3) into fit) .zt - ,)s*(-,

* . ilt) a z(t) - G "(rinia - e)nit + a - 7 - e)dadr.
% -"4 )-G f f x(t - r ~z (a )e (r + a ~d T ., 7

where e(t) is the output signal of the active proce( or.
Fourier transformation of the above equation yields the The assumption of low input SNR along with the con-
appr6ximate steady-state description: ditions stated previously allows the following approxi-

Z(W) a X() - GZ(0IN (w)12, mate form of Eq. (7): -

where Z() and X(w) are the Fourier transforms of z(t) fi) f sit -t)
and x (t). respectively, and I N(w) I2 is the power spec- E.
trum ofa sample realization of n(). Solving for Z(w) -G
gives G it -rnSfa)rfv + aWadt. 48)
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Adaptive acoustooptic filter
Appendix A

Demei Psaltis mnd John H g

A new adaptive filter utilizing scoustooptic devices in a space integrating architecture is described. Two .

configurations we presented; one of them, suitable for signal estimation, is shown to approximate the Wie-
ner fMter, while the other, suitable for detection, is shown to approuimate the matched filter.

L r o Several adaptive optical filter implementations have
The design of optimum systems, in the classical sense, been previously proposed. Psaltis et al.15 ." proposed

requires a priori some knowledge of the signals to be use of an iterative electrooptic processor for adaptive
encountered. As a result, such systems perform poorly spatial filtering of phased array antenna signals.
when the appropriate characteristics of the input signals Rhodes1 7 described a system using acoustooptic and
are not known a priori sufficiently well or are time- electrooptic modulators in a time integrating architec-
varying. An adaptive processor has the ability to self- ture to implement the CCL algorithm in the time do-
optimize by continually monitoring its performance and main, and VanderLugt' s described an optical processor
updating its parameters. Adaptive techniques have which is a frequency domain implementation of the
been applied to both spatial and temporal filtering do- CCL algorithm. Lee et at. "9 have devised an adaptive
mains. Specifically, adaptive techniques have been filter which suppresses narrowband interference from
applied to antenna array processing by Appelbaum,' wideband signals using an scoustooptic spectrum ana-
Widrow,2 and others.3 '4 Applications to time domain lyzer with an array of electrooptic modulators in the
problems include Lucky's work on data redundancy spatial frequency plane which can adaptively excise ,,-4
removal5 Sondhi's adaptive echo canceler,6 Widrow's strong narrowband components of the signal spec-
work on adaptive noise suppression, 7 Morgan and trum.
Craig's adaptive linear predictor,' and more. - '1  In this paper, we describe a new method for adaptive

In the work on time domain problems cited above the inverse filtering in the time domain. Two implemen-
- adaptive filtering scheme is based on the orthogonality tations are presented; the first, the passive processor,

principle.12 The basic idea behind the scheme is to performs the inverse filtering operation, while the other,
- control a variable filter so as to minimize the correlation the active processor, is capable of performing adaptive
* between the input signal and the residual signal, which matched filtering operations. Both processors are space

is the difference between the input signal and the filter integrating systems and do not require optically ad-
output. A particular implementation of this scheme dressed, time integrating spatial light modulators.
uses the transversal filter architecture, which consists These architectures implement the CCL algorithm in
of a tapped delay line, variable filter weights, and a the time domain and are structurally simpler than their
summer that produces a weighted sum of delayed ver- frequency domain implemented counterparts. The
sions of the input signal as its output. implementations are strictly one dimensional, and thus

The linearity and parallel nature of the transversal it is possible to extend this concept-to 2-D processing
i filter arranpyLwent, commonly called the correlation problems through the use of multichannel AODs.

cancellatiowjaoop (CCL) system, make the optical im- The adaptive processors are discussed at the system
plementaton possible. The advantages of optical level in Sec. II, and the optical implementations of the
processors in terms of bandwidth and the large effective system blocks are described in Sec. III. The two optical
number of taps make such an implementation attrac- configurations of the adaptive filters are described in
tive. For example, acoustooptic devices (AODs), which Sec. IV.

, can serve as optically tapped delay lines, are superior
in terms of bandwidth to CCD implemented delay lines II. Adaptive Estimation and Deectlon
that are currently used in analog adaptive filters.1'3. 4  The extraction of information from a signal corrupted

by additive noise requires a priori knowledge of the" properties of the desired signal and the noise. If the '
The authors are with California Institue of Technology, Depart. pthhMont of Electrical Engineering, Pasadena, California 91125 necessary information is known, the optimum linear 4b%,Received 27 April 194. filters can be designed to satisfy the specified perfor-

0003-6935/54/193475-07602.00/0. mance criteria. The Wiener filter provides the mini-
@1964 Optical Society of America. mum mean square error estimate of a signal in the
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For example if K=10 and a=j, we require the number of

distinguishable levels at the output to be at least 100 for R to

be equal to 1. It is important to note, that the output levels

must be sufficiently well defined so that the A/D converter can

detect all of them with very low probability of error. DR 2 is

much smaller than what is conventionally called *detector dynamic

range". We estimate that it would require very sophisticated -

engineering to obtain DR 2 =100 and it does not appear that

DR 2 =1000 is practically feasible in the foreseeable future. We

believe that the answer to obtaining a high accuracy optical

processor that is suitable for implementation of direct

algorithms for adaptive antenna arrays is not likely to come from

a well engineered DMAC based system. It is more likely that

algorithms and architectures can be found that utilize more

efficiently the capabilities of optics and rely less on the use

-. of sophisticated post detection electronics.

1 RADC-TR-83-156, "Acoustooptic Adaptive Processing (AOAP)O, by

General Electric Co., Dec. 1983.

2 RADC-TR-81-130, "Efficient Digital Algorithms for Adaptive

Arrays", by Niel A. Carlson, 1981.
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For comparison, consider the Fourier Transform of Eq.6; when the accumulation time is
infinite, the optimum filter equation is given by

Np

2 1 rij(W)uJ(W) 0 3(.). (12)

Jul

rj(ws - F.T. ( tVI(,0 1. pe

where is the spectral density matrix. Identifying the integral in Eq.11 as the
smoothe estimate of the spectral density matrix of the input noise vector, Eq. 11 is
approximately equivalent to Eq.12. The effect of the finite time integration window is
seen in the smoothing of the noise spectrum.
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Fig.11 Adaptive Acoustooptic Phased Array Processor

Ackgmn.dg.m.nk.

This work is supported by the Rome Air Development Center and, In part, by the Air Force
Office of Scientific Research.

• , IVY, Reaence.'

S1. R. Riegler and F. Compton, Jr.. 'AnAdaptive Array for Interference Rejection.
Proc.IEEE 61,748 (1973). %

2. J. F. Rhodes,'Adaptive Filter with a Time-Domain Implementation Using Correlation
Cancellation Loops.' Appl.Opt.22. 282 (1983).

3. A. Vanderlugt. 'Adaptive Optical Processor.' Appl.Opt.21. 4005 (1982).

% 4. D. Psaltis and J. Hong, 'Adaptive Acoustooptic Filter,' Appl.Opt.23, 3475 (1984). ',

5'b

V.

,. S:,

B-7

-! ~ "~P,l - .P ,*'?. _ __..."" "" "', "-' ,:,'" ".",* ' "..' , - '% .*V ~~ f . *~*~



Appendix C

Volume S2, amber 3 OPTICS COMMUNICATIONS I Deember 1954

A SPACE INTEGRATING ACOUSTO-OPTIC MATRIX-MATRIX MULTIPLIER

Kelvin WAGNER and Demetri PSALTIS "".
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Aisedem. CA 91125., USA

Received 9 August 1984 '4

An optial architecture is described for performing pipelined matrix-matrix multiplictions. The architecture is imple- '* ,
mented using multiple transducer acousto-optic devices and a wideband photodetector array. A variant of engagement for-
nutting allows multiple inner products to be simultaneously computed by 14) spatial integration, and through proper pipe-
lining the full product matrix is produced at the output of the detector array. The output matrix in this architecture is in a
format that is directly compatible with the input, a feature that man facilitate the implementation of iterative matrix alo-
rithins. Digital multiplication by analog convolution can be incorporated for improved accuracy by using a frequency multi-
plexed representation of the binary data.

I. Introduction position are examples of such problems [131. Optical
techniques can be applied to such problems by select-

The optical implementation of matrix operations ing an algorithm that can implement the required
has received ccnsiderable attention recently. Architec- operation with successive matrix-matrix multiplica-
tures and algorithms have been designed that have in- tions, such as Gauss eliminations, Givens transforma-
creased the speed, accuracy and flexibility of optical tions or Housholder reflections 1131. For these algo-
matrix processors, extending the potential applicabili- rithms N optical matrix multiplications are required.

% ty of such systems to a broader range of problems. and since each matrix-matrix multiplication requires
Specific advances thdt have been accomplished in re- N3 multiplies and adds, optical systems usually solve

• cent years include the initial demonstration of ve or- an N 3 problem with M' operations. However. the

matrix multiplication 1i, the introduction of time in- speed and parallelism of optics can make the optical

tegrating systolic [2],engagement [3,41, and outer implementation advantageous. despite this inefficiency.
product optical processors (5J, a frequency multi- The product matrix that is produced at each iteration
plexed processor 161, improvements in accuracy with during the execution of such an algorithm is used as

. residue arithmetic J71, the utilization of the method one of the input matrices for the next iteration. It is -
" of digital multiplication by analog convolution (DMAC) therefore important that the format of the output
% (8,91 in the above array processors I 10,111, and a product matrix is directly compatible with the input

combination of systolic processing and the DMAC al- in order to avoid reformatting and minimize the itera-
gorithm in a two dimensional implementation utilizing tion time. The architecture described in this paper was

crossed multichannel Brag cells for matrix vector mul- selected principally because the output can be ampli-
* tiplications with digital accuracy 1121. fled and applied directly to the input. A space inte-

Perhaps the most significant application of numeri- grating implementation using a parellel output wide-
cal optical processors is in O(N3) problems, i.e. ma- band photodetector array is chosen for accuracy and

trix algebra problems that require a minimum of N 3  speed considerations. Several candidate data flow opti.

multiplications and additions, where N is the size of cal architectures satisfying these requirements are pos.
the matrix invlved. The solution of a set of linear sible. In this paper we present one such data flow mi-
equations, matrix inversion, and singular value decom- trix processor which uses crossed multichannel acouso-

--,
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optic devices (AOD). The operation of the system is trices an array of inner products is formed on the de.
based on time and space alignment of vectors which tector array during each processor cycle. As data
allows the formation of multiple inner product sum- flows through the Bragg cells the output appears in the
mations via spatial integration in a pipelined fashion. same engagement format as the input, which allows di-
The matrix format is similar to an engagement array, rect feedback for iterative operations without latency.
but the data flow is transposed so that the local mul- Global system synchronization and sample defini- . .

tiplications needed for each inner product operation tion at the output are provided at each time interval
form in parallel in space, rather than sequentially in T, by the strobing action of a repetitively pulsed laser
time. Each inner product is summed by a 1-D space diode. The pulsed light is collimated and incident on
integrating condensing cylinder onto an output detec- the first multichannel acousto-optic device, AODI, at
tor. Many such inner product accumulators are multi- the Bragg angle in the x dimension. The elements of
plexed in the orthogonal dimension onto separate de- an N X N matrix A are applied to the A' transducers
tectors of a linear array. of AODI in an engagement representation. They prop-

agate continuously along the x direction at a velocity
equal to one inter transducer spacing of AOD2 each T

2. Optical processor architectue s. Rows are represented in individual channels as se-
quential acoustic pulses separated by T s. The nth row

" The proposed optical architecture for matrix-ma- of the matrix A is applied to the nth transducer of
trix multiplication is shown in fig. 1, along with the AODI with a delay ofnTs. In this manner the matrix
appropriate data flow. The principal components of is folded back in time into a sliding parallelogram for-
the system are a pulsed laser, two orthogonal multi- mat we call time engagement. The optical field emerg-
channel Bragg cells (one with N channels, and the ing from AOD 1 is spatially filtered in the Fourier
other with 2?' - I channels), a linear array of N wide- plane to remove the undiffracted component and the p.

band photodetectors, and lenses. The optical processor diffracted field is imaged onto AOD2 at the Bragg
is a 24) array of N2 analog multipliers configured as an angle in y. For clarity the image reversal of the imag-
array of N space integrating inner product processors. ing system is ignored. Matrix B propagates in AOD2
With the appropriate engagement format of the ma- in they direction one channel separation of AODi
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each T s, orthogonally to, and synchronously with, the AODI. No interference with subsequent calculations
motion of A. B is delayed by (N - I)T s with respect will occur because of the zeroes induded in the space
to A to allow the first row of A to fully enter AODl. engagement formatting of matrix B.
At time (N - I + k)T, the kth column of the matrix B If the Bragg cells are operated in the linear ampli-
is applied to transducers k through k 4 N of AOD2. In tude diffraction regime, and coherent detection is
this representation, called space engagement, the ma- used, then it is possible to make the outputs of the
trix is folded over in space to 2N - I parallel channels photodetectors appear at the center frequency of
which require N time cydes to be completed. The AODI, simplifying direct feedback. The coherent im-
doubly diffracted light is imaged iny and space inte- plementation allows complex valued matrices to be
grated in x by the anamorphic lens system following represented by the magnitude and phase of the acorn-
AOD2. The light collected on each photodetector tic pulses. If the Braugg cells are operated in the linear
during each cycle is the sum of the product of the ele- intensity diffraction regime (incoherent implementa-
ments that are aligned within the corresponding hori- tion), then only real positive matrices can be repre-
zontal channels of the two AODs. As we will see in the sented, but simpler non-interferometric detection can
following paragraph, at the output of the detector ar- be employed. In this case the output matrix would
ray we obtain the product matrix C - A X B in a time not be on a carrier, therefore mixers would be re-
engagement format. quired to upconvert the output before amplifying and

At the Nth time increment the first row of matrix applying to AODl.
A in AODI and the first column of matrix B in AOD2
are spatially aligned in the top channel of the system.

I The N local products alibi, are calculated in parallel 3. Frequency multiplexed DMAC
by imaging AODI through AOD2, and the sum

*C11 1,v=lalibil is produced by spatially integrating An increase in the accuracy of this processor can be
all these products onto the top detector. One time in- incorporated by the use of the digital multiplication
crement Tlater the second row of A has fully entered by analog convolution algorithm (DMAC) (8-121. at
the second channel of AODI, and simultaneously the the expense of additional complexity. It is well known
first row of A has moved one column away from the that the multiplication of two time domain waveforms

" transducer. In the orthogonal dimension, the first col- results in the convolution of their Fourier spectra.
umn of B has moved down in AOD2 one channel to en- This can be utilized to implement the DMAC algorithm

..,'.', gage the second row of A and produce ¢21 4' -1 a21il by simply multiplying the frequency multiplexed hi. .I

via space integration onto the second detector. Concur- nary representations of two numbers.
rently the second column of B has been applied to The product z a x y of two M bit integers x and y
transducers 2 through N + I, in order to align with the can be expressed as follows:
first row of A and produce c1 2  . 2M-a1b)2 on the.-
first detector. In a similar manner successive inner i'o x i"
products are aligned, locally multiplied and globally z = Z2k rz2 X'i
accumulated to theN output detectors. In a total of k=0 i "O i.O

2N - I time increments T, the output product matrix 2(4-1) Al-i

is produced in a time engagement format identical to = i 2( I Xi.k , .i) -i
the format of the matrix A. Therefore it can be fed di- k-0 1-0

rectly back to the N transducers of AODI with no re- where x,,y, are the bits in the binary representation
" formatting or latency. This allows for fully efficient of the integers x and y and the coefficients
..'" pipelining of iterative matrix algorithms, since after z = Z .-0X Y't can achieve At discrete levels. A time ,

S-the matrix A is initially loaded into AODI there are domain representation of a frequency multiplexed bi-
no more waiting periods iequired to load new ma- nary word is given by f(r) - x a exp jnwt). The
trices. For instance, when the first element of the out- product of two such waveforms is
put matrix c1 I is produced the first row of A has been h""
fully entered into OADI so we can begin entering the
first row of the output matrix in the top channel of
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-XI -1 ceeded or when the iterative matrix operation has

.(i~ ~exp~u,)~ Ym .XP(imirWt) converged, and the resultant matrix must be output.x 1K-wO 3\*O in binary form.

201-1) N- 1The major difficulty with incorporating DMAC in
E y'( E Y' e the matrix-matrix multiplier is the complexity of the

= R Xgy .ao -exJDJwt) frequency multiplexed encoding and decoding, and
the large number of A/D converters required to con-

201-1) vert back to true binary form. Each of the N detec-
E zt exp(jkwt). (2) ton must be channelized into 2H frequency bands,
h-0 and each of these must be digitized every Ts to an ac-

Thus the weights of the frequency multiplexed product curacy of NM. This could require as many as 2/VM
waveform correspond to an M level digitally weighted A/Ds, which is probably impractical. Altematively,N

representation of the product of the two binary words. faster A/Ds could be multiplexed between 2H fre-

This pseudo binary representation can be channelized quency channels each by performing a conversion

into 2M - I frequency channels, each centered at kw. each T/23 s. To decrease the number of A/Ds even
The amplitude of each spectral component can be further it may be possible to digitize only one detec-
quantized to one of M levels by an A/D converter, and tor output at a time, and recycle the matrix for further
true binary representation can be obtained with a digi- conversions by multiplying by the identity matrix .
tal shift and add register.

Digital multiplication by frequency convolution
can be incorporated in the matrix multiplier of fig. 1 4. Discussion
in order to improve the accuracy over that attainable
with analog data representation. This will increase the Acousto-optic devices are attractive transducers for
required time bandwidth product of the AODs by a data flow optical processors because of their sliding
factor of at least the number of bits. The duration of window nature, wide bandwidth (>IGHz), large num-
the optical and acoustic pulses must be at least 2w/w s, ber of resolvable spots (TB>1000) and wide dynamic
to permit channelization at the detector output. The range (>60dB). When dealing with multichannel Bragg
frequency multiplexed binary weighted data must be cells, however, the constraints imposed by acoustic
encoded in phase within each acoustic pulse so that diffraction and electrical crosstalk limit all aspects of
all the frequency components add constructively, device performance. Today a practical limit on the
When interferometric detection is used, the RF out- number of channels is on the order of 100 or less.

put from each detector will be the coherent sum of N Eventually larger arrays may be realized through the

frequency multiplexed multilevel binary weighted sig- use of anisotropic self collimation and effective RF
nals, occupying up to twice the original bandwidth. isolation techniques. The properties of the multichan-
This format is compatible with direct feedback to nel acousto.optic devices determine the processing
AODI without redigitization in each cycle. Further power of the matrix multiplier and to a lesser degree
iterations would increase the required dynamic range the accuracy obtainable. In order to perform an N X A'
of each frequency component and increase the num- analog matrix multiplication this architecture would
ber of nonzero frequencies. By examining the Fourier require an A' channel AOD with TB = 2(Z - I )
plane of AODI we can determine globally the num- (AOD I), and a 2N - I channel AOD with TB =
ber of frequencies occupied for matrix A. If the avail. (AOD2). where a factor of 2 was included for intra
able number of frequency bins is exceeded by p ex- pulse dead time. If frequency multiplexed binary en-
cess Fourier components, then we can perform a glob- coding is used with Af bits, then AOD I requires a %" "
al pseudo floating point rescaling of the product ma- TB > M(2N - 1). and AOD2 requires a TB > AM.
tix by increasing the local oscillator frequency used The detector array is composed of A' parallel wide-
for heterodyne detection by pw. The lower order p band photo-detectors whose outputs are bandpass fr-
bits are then discarded by highpass filtering the detec- tered, combined with a steering matrix, amplified, and
tor outputs, or with a Fourier plane aperture. Redigi- fed back to AODI. Single photodetectors can have a
tization is required if a detectors dynamic range is ex. wide dynamic range (>50dB). but large monolitluical1%
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fabricated arrys ane limited by cstalk. To obtain multiplication has been described. The architecture
the full dynamic range capabilities of the detectors, a avoids the serial readout bottleneck and dynamic 5

powerful optical source must be employed, and opti- range limitations of CCD arrays used in time inte-
cal losses minimized. grating architectures. The wideband nature of the in-

To obtain an estimate of the processing power of put and output transducers can result in an analog
the space integrating optical matrix multiplier de- processing rate exceeding 30 GOPs (Billion multiplies
saied in this letter, let us consider a target system per second), and in excess of 3 GOPs for the DMAC
for multiplying 32 X 32 matrices. AODI requires 32 implementation. Additional accuracy can be incorpo.
channels and a TB > 128, OAD2 requires 63 channels rated by the use of the DMAC algorithm and frequen.
and a TB > 64. If we assume a bandwidth of 128 MHz, Cy multiplexing, but the improved accuracy is accom.
then the full matrix product could be obtained in I jus, panied by an increase in complexity and expense. The K-
yielding an analog processing rate of 3.2 X 1010 mul- analog optical processor can be implemented with cur.
tiplications per second. At these rates the matrix rently available devices and simple electronic support
could be inverted in as little as 32 us with a direct algo- circuitry. It provides extremely high processing power
rithm. or a fraction of a millisecond with an iterative with reasonably good accuracy (equivalent to 8- 10
algorithm. If we desire digital accuracy of 8 bits input bits) due to the high dynamic range that is achievable
and 16 bits output, then the system parameters be- with non integrating photodiode arrays.
conic much more stringent. AODI requires a
TB > 1024, and AOD2 requires a TB > 512, which
could be accomplished with a bandwidth of 100 MHz, Adcnowledgements
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