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ABSTRACT

This peper proposes an efficient implementation structure for the wideband muMti-beam forming network in bzamspacs adaptive
mray for wideband signals. The fileer cosfficients of the beamfonning petwaork are represented as sum-of-powers-1o-two mefficicnts
(SOPOT) and are impleinented vsing the multiplier block technique. The SOPOT representation allows the cocfficlents to be
implementad as Jinited number of adders and shifters without any ronltiplications. The redundancy in the SOPUT coctficients are
further removed by the mulliplier block technique to yield minimym adder reafization, Design resulls showed that significart
reduction in hardwurte comploxity cun be obtsined by the proposed struclure as comnpaed with conventional direct form

implementation.

L INTRODUCTION
Wideband heamforming using sensor arenys s en effective
method for suppressing interference whose angles of nivd are
differcnt from the desired looking direction.  They find
important applications in radio communications, sonar, radar,
ond  acoustics  [1-3], Treditional adoptive wideband
beamfurmer usustly employs wpped-delay line with aduptive
coeflicienls 10 generste  approptiale  beam  pauerns  for

interference suppression.  This usually requires considesahle |

number of adaptive coefficients resulling in rather long
convergence tims and high implementaiion complexity, Seveml
methods including the use of adaptive infinite impuise response
filer (FR) [12] and besmspace adaptive arrayx [4.5] were
proposed to overcome these problems. For the beamspace
adaptive arays in [5]. inlerference suppression is achicved by
combining the outputs from a fixed beamforming network
which gemerates o set of beaws pointing in differont directions
(Fig. 13. Since the number of beanws selected is uswally simall,
the nirmber of adoplive weights far combining them are greatly
reduced, eesulting in faster convergence and fewer number of
high speed variable multipliers, Although the number of
variablc muftiplier  is  significantly redueed, the  fixed
beamforming nelwork does require large number of fixed
nwltipliers.  Moreover, the complexity incrcases with the
number of antenna, number of beams and the spatial-temporal
selectivity of the fon fillers in the beamforming network, In this
paper. a novel implenwentation of the fixed beamforming
network using canunical signed digits (CSTH representation (or
sum-ol-powers-of-twe cueflicients (SOPOT) ) of the filter
coelTicients and a techaiyue called multiplier Hock (MB} [11] is
tntroduced. Muore precisely, the coetficients of the bearmforming
pedwork ore reprasentad in CSD which requires onty timited
rumber of additions and hardwired shifis for imptementation.
In addition, the number of additions to realize multiplications
with the CSD coefficients ¢an further be reduced by
implementing the mubtiplications 2s a2 multiplier block.
Multiplier block is an efficient method For performing the
moltiplicattons of a mmitiplcand with o set of fixed constant
multiplicrs, by sharing subexpressions or immediste resulls
eormmon (o the multipliers. In principle, it is possible tn remove
the redundancies in the comsiant mmbtiplieations lending th o
minimam-adder-graph [11] with minimum adder renlization.
Design results show that the implememation complexity of the
fixed beamforming network ¢an be reduced deastically by the
propased technique. For example, with ¥ tensors and £ beams
in the multibcam forming network each with a lengih-M FIR
filter, the total number of muhipliers required is LUN. For
L=5 Na15M=15, diect implementation will  require

L-M-N¥cl125 muitipliers.  On the other hand, If the
coeflicients are representsd as SOPOT coefMicients with 8-bit
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accuracy, then the praposed structure requires only 53 adders
with 3n admirable lrequency resporse. [t should ba noted that
the proposed methnd is atso opplicchle 10 the frequancy
inveriance beamiformer (FIB) in [6,7) and the infinite impuise -
response {IIR) multibeam former in [8}[91, which approximates
the fixed finite impulse response (FIR) filters in the maltibeam
former netwark by R filters. The complexity is reduced by a
foctor of 56.9% for L=12N=31L,M =51. However, the
implementation of the [[R filicrs is somewhar complicnted due
10 their finite wordlengih effect. In additdon, the redundancy in
the filier coefficients are not fully explored and (he overall
complexity stit] grows tapldly with the number of ps. boams
and antennas in e muliibeam nctwork, Although the multiplier
block technique can also be used to realize efficiently these IR
filters, we only consider the FIR case because of its simplicity
mentioned above and the larpe amount of redundancy existing
in the cocfitcients as we shall sec later in Section [V,

This paper ix organived as follows: in secton B, the
principle of the heamspace sdaptive heomfarmer and the design
of the fixed bramforming neiwork arc described.  Scetion 111 13
devoted to the praposed implementation of the beamforming
network. This ks Tollowed by the design results in Section 1V,
Finatly, conclusions arc drawn Ia section V.

11, BEAMSPACE ADAPTIVE BEAMFORMER USING
' FANFILTER
Fig. 1 shows the structure of the beamspuve aduptive amuy for
wideband signols proposed in [5). The digital received signal -
received fram the s=nsors, after analogue-to-digital canversien
and possibly dowmconversion, are fed into a widehand
multibeam forming netwerk, which is a set of sparial filters with
fized directions and hence cocfficients. If x,(n), k=0,...N-1.is

the received signal from the &*  sensor. the ouipnt of the [*
beam [urming network is
¥ M
»{n)= ZZH,_, (mix, (n—m),
Exlh et
where by, {m) is the impulse responsc of the §* heamforming

network. Its frequency response [5) as 2 function of fand @ s
given hy

(

N1 Mo . @
”’| (f-B) = E z}lu (m).e‘nw:'- . emrm.um. .

k=) ne=lt
1=12--L

where 7, is the sampling perivd, £ is the frequency, & is the
angle of ardval (AQA) or direction of arrival {DOA) measured
{rom the normal of the lincar amray, 4 is the antenna spacing
and ¢ is the propagation spesd of the receiving signal. The
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number of scnsors is M and the nitmber of 12ps per beom is M.
By introducing the frequency varisbles f, and f; as follows

Si=f T, and f, = f-dsin(@)/c, {3
{2} can be rewritten in the femiliar form of a 2D digita) filter

- - 4
H,U‘.B}=H,(f,.f,}:ri‘t‘hu(m)-_z"“" -l ’

Tc approximate a fiot onit response for sl frequencice f at 2
fixed direction 8, (either for receiving the desired signal or
suppressing the interference by subtracting it from the main
beam), the ideal response of H,(f.8). op to a certain delay.
shoarld he

H1,8)=80~0)=Atfi. f2), @
where 5(f) is the deltn function. (5) suggests that the jdeal

response of H,(f.8,) i the {f,,f,)-planc, ie. H,(f.f.).
should be a line with unit amplitude as given by
fi=J - dan(B,3cT,), 3]

according 1o (3). In practice, the atray spacing of & finear array
d is usuelly choszn as A/2 to avoid undersampting of the
receiving signal and 100 much coopling between the antcnnas.
Fig. 2 shows such a line al angle #, with d=1/2=c7,. In
practios, f,(f,0,) i approximated as a st of fan fikers with
passband given by the shaded arca in Fig. 2. The outputs frem
the L beams of the mmllibeam forming netwosk, which
represents received signal in direchions &), =l L 2w
adaplively selecied and combined esing the LMS algorithm 1o
form an estimate of the intesfering signzls (o be subtructed from
the main beam (beam 0 with 8, =0° is astumed ta be the
looking direction). The coefficients of the fan Rlier can be
determined by the transformaton and windowing method
proposed in (5], which is also used in this work. More
precisely, = one dimension prototyps flter with desired
bandpass responise and Zeros at the center frequencies of other
beams is first designed. It is then transformed by means of the
transformation to obigin the frequency response of the fan filter.
The frequency response of the fan filter in the grey aren of Fig,
2 is get o 2¢x0, theugh it enn be chosen sthimary. An inverse
discrate fourier wonsform s then opplied 10 the sarnpled
frequency response 0 obtain the desited Glter coelTicients. This

2-D impulse response is then windowed to obtain the final filter
cocfhicients.

111. NOVEL IMPLEMENTATION OF THE
MULTIBEAM FORMING NETWORK
It ean be seen from (1) that the beam forming network for the
1 beam is actually ohtained by summing the nutputs of a set of
FIR filters, cach with its Input eaening from onc senser clement
in the sensor array. To see this, rewrite (1) as follows

N_gatal M-t
Fin= z z bu (m)x, (n—m}= E §uslm)
A=D

1l m=n

@

Mo
where g,,(n)= 3 b, (#tix (s =m) is the output of the FIR
me0

filter with impulse response A, {m) and its inpat is derived

from the k™ sensor clement {see Fig. 3 for the owverall
structwe), To achieve a mulliplier-less realization of the
multibeams forining network, let’s replace the coefficients
Ay, {m) in the FIR filters as the following sum of powers-of-two
cotfficients (SOPOT) or canomical signed digits (CSD),
bﬂEa,-z"‘, where a, i5 cither J or -1, amd

[T

b, & (-1, ,.00,..J,} . The larger the numbers I, L, and 1,

the ¢loser the SOPOT approximation will be 1o the original real
number. In praciice. the number of non-zero temts is usually
Kepl 10 a small rumber while satislying a given specification so
that the moltiplication can b= implemented by a linited number
of shift and add (subtract) operations, giving rise to multiplier-
less realization. As mentioned carlier, the number of adders
required 15 implement h,, (m) in SOPOT represcptation can

further be reduced using the technique of multiplier block. The
ides is to rewrite &y {1} in transposcd form for computing

g,‘,(u):ih,_,(m):, (n=m} os shown in Fig. 3. It can be
-y

seen that instead of multiplying ihe delayed input samples with
the fitter coeficients as in the direct form, the input sample is
now multiplied with all the coefficients. This can be efficiently
implemented using & multiptier block (MB) [9]. Let's consider a
simple example with two filter coeflicients: 3 and 21. The
SOPOT mprescnmtions of these two numbers gre: 3=2' +1

and 21=2*+2% +1, This requires 3 adders and 3 shifts. f
iraplemented in a MB, the multiplication of the input with die
cocfiicient 3 will also be penerated by decomposing 3 as 2' +1,
requiring one additiom. The multiptication with 21, however, can
be simplified by re-using the imermediate resull generated by
the first filter cocHicient 3" as 21=3.7 =3.{2 —1) . Actually,
the intermediate result, after multiplication by 3, is multiplied by
7. which requites one less adder than genecsting 2L directly. In
principle, it is possible To remove all the redundancy found in
the constant nvdtipliers leading 0 a realization with the
minivtur number af adders. This con dresticslly reduce the
number of adders required for realizing the multibeam forming
nelworic, as will be #lustrated later in Section IV, A further
saving con be obtained by grouping k,, {m) with a fixed value

of & and implement them as one mulliplier block (MB#0, 1o
MB#N-1 in Fig. 3). Therefore all the redundaney in by, (m).

121, WLy m=0.....M-1, for a fixed value of & can be removed,
yieMing e roinimurs adder realization. The generation of the
MB follows the method of Dempster #f al. proposed in [I].
Intcrested renders are referred 1o [11] for mose derails, Mext, we
congidee n design example.

IV. DESIGN EXAMPLE
For comparison, we consider the same example designed in [5).
The number of antenna clements is [5. All the digital FIR filters
has {5 tops. The multibeam forming network consists of 5
beams poiniing ot angles 0°,#24°and 353", respectively.
Fignre 4 shows their frequency responses when the filter
cocfficients are represented in CSD with 8-bit accurarcy (as the
frequency responses at the ongles +53° ond  #24° are
symmeiric, only the beam pawemns at -33°,-24" and 0% are
shown}, Due to page limitatjon, the frequency responses with
differcnt wordlength for the filter coeffleients are omitied here.
It was found that the B-blt SOPOT frequency response is
comparable even with the full precision results.  Tuble |
compares the hardware complexity of using the conventional
method, the proposed SOPOT coefficient method, and the
proposed SOPOT-MB method in implementing the multibeam
forming network under consideration. The conventional method
requires 1125 mmeltipliers. (excluding the 1050 additions for
implementing the delay line additions required in the FIR filters)
The propesed SOPOT realizmion reduces the implementation
tomplexity to 350 adders far 8-bit accuracy and 3140 adders for
16-bit accaracy. Using the muhiplior bluck technique, the
rumber of adders poes down to 53 for §.bit accurary and 922 for
15-bit accuracy,  An eorder of mapnitude improvement in
hardware complexity is achieved by the proposed method, It
can therefore be concluded «hat the proposed method can
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drastically veduce the hardware complexity in implementing the *

multibeam forming network for the beamspace widshand
adaptive beamformer.

V. CONCLUSION
A novel and hardware efficicnt suucture for implementing the
wideband multibeam actwork for beamspace adapitve array is
presented. The proposed stmture, which is based on the SOPOT
representation of the filter coefiicients and the mutiplier block
technique, significantfy reduces the hardwaore complexity
vompared with conventional direct form implementation.

REFERENCES

[t} D. H. Johnson and Dan E. Dudgeon. Array signl procesting =
coneeprs and fechniques, Englewood Ciifis, N} : Prentice Hali,
1993,

31 1. Xvim and M. Viberg, "Two decadza of army sigaal praessing
rescaneh! The parsmatne approach,” JEEE Signal Processing Mag.,
vol. 13, pp. 67-94, Jul. 1996,

{3} B.D. Van Veen and K. M, Buckley, "Beamfarming: n versmile
approzch to spatiat filering.” JEEE ASSP Mag., val. 52, pp. 424,
Apr. 1988,

4] K. Nishikawn, T. Yamamoto, 1 Oto and T. Kanamaori, "Wideband
‘beamforming using fan finer,” in Prog. TEEE ISCAS92, vol, 2.,
pp. 333535, 1992,

[51 T. Sekiptchi gnd Y. Komsawe, “Widebind beamepace odaplive
amay wilizing FIR Fan flhers for moltibesm forming” [EEE
Trans. Signal Frocessing, vol. 48, pp. 277-284, Jan. 2000.

[6] . B. Ward, R. A. Kennedy and R. C. Willlamson, “Theery snd
degign of broadband sensor arrays with frequency invariant fxr-
field bearn patiems.” J. Acoust. Soc. Amer., vol. 97, n0.2, pp. 1013~
1034, feb. 1995, ‘

7] O. B. Wnrd, R, A. Kenviedy and R. C. Williamaca, “FIR fiter
design for frequency inveriant beamformers,” [EEE Signal
Progesring Ler, vel3, pp. 69-71, Mar, 2000.

[8] M. Ghavami and R. Xobhno, "Recursive fan filters for a bamad-band
partially adaptive antenna,” JEEE Yrans. Commun., vol. 48,
Pp.185-188, Feb. 2000

[2] 5. Foruolilni snd R, Kohno, “Frequency invariant beamfomner
using 4 single sl of IR flter cusfficicars amd multirate
teehniques,” in Proc. IEEE ¢ lrernarional Symposium on
SpreadsSpectrum Fechnique and Application, New Jersey, USA,
wal, 2, pp.573-519, Sept.6-8, 2000

[10) L. J. Gdifithe end C, W, Jim, “An clternative approach 1o linearty

ncd adaptive bexmiorming,” IEEE Trane Amtennns

Propogat,, vol, AP-30, pp. 2734, Jan. 1982,

{11l A. G. Dempsier and M, D, Macleod, "Use of minimum-adder
mubtiplier blocks in FIR digitad filters," [EEE Trans. Cincuils and
Syat. fl, vol. 42, no. 9, pp, 366-577, Sep. 1995,

{12] C N. Adkins and 3, I Todar, “A broadband beam farmer with
pole-zero unconstrained jammed rejecticn in linear arays,” JEEE
Trans Signal Processing, vol, 44, pp.438-441, Feb.1996

Direct Implementation
No, of mul. 15%15%5=1125
No. of Adders

No. of bits/ { Proposed structure | Praposed structure
coefficient SOPOT only SOPOT and MB

8 350 33

9 582 &5

10 001 146

I C 1397 234

i2 1703 361

13 2033 487

14 24m il

15 2772 792

16 3140 922

Table 1. Hardware complexity of various methods. N=15,
Me15, I=5, (Only consider afl the FIR filrers in the BFNs,
excluding the delay line additien }
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Figure 3. Proposed mullibeam forming network nsing SOPOT coefficients and multiplics block (MB).
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coelficient and direction of arrivals of the signal

"\""3 searc
a closed-form method. Hcm:e it is, computatmn a_é l?* h.

e and DOA We exploit the dual shift-invariance property
x 7; thal appeats a.ftcr a preprocessing step smular to the

range of practical radar and communication appllcmlons

There is an estensive literature on the pnramc?c??%sw II. SIGNAL MODEL

timation of PPS methods mainly suboptimal lﬁéthods- r. ‘f’-.*The signal made] for a constant amplitude PPS signal
because the optimal Maximum Likelihood (ML) method j lmpmgmg at a uniform linear amay (ULA) antenna
is computationally expensive. For single séhsor System® composed of M sensors can be described as:

example, in [7], Discrete Polynomial phase Tran\'s?mﬁ x(n} = a{f, n)s(n) + v(n), n=0,..,N—1 (1)
was employed to estimate the parameters by “means ;.3 ;
of multiple 1-D searches through FFT. Sensor’ mhﬁfe a(f,n) is the M x1 array steering vector, s(n) is
.PPS have becn featured in many works on. paramcter thn‘:* PPS signal waveform and v(n) is the M x 1 vector
estimation, notably, algorithms in (1], [2} and: [5] m of cxrculaﬂy complex Gaussian noise that is zero mean,
important contribution. In [6), a subspace-basedkmem remporally and spatially white, and N is the number
was introduced to estimate frequency and the fmquency
rate using only a single seasor and relying on thc spc-
cial structure of time-sampled correlation matnx ;l'l]l
method cannot be extended to estimation of  Direction
Of Arrival (DOA) together with the said parametem‘*

modeled as s(n) = Aexp(j Zk—o ai(nAYY), where A
isith g -unknown constant amplitude, e, = %, is the
k”"_fordcr coefficient and A is the sampling interval. In
tion to that, the array steering vector is modeled as

" because it requires the same special structure inhcrentyia(8;n) = [1,e7(¥, . edatmg )T where the in-

in the spatal-sampled correlation matrix. In: generai stama.neous frequency is-modeled as a{n) = (L-i—
other conventional subspace based DOA esumalors also l)ak.,_l(m&) which is assumed to be constant dunng

”*?

‘314
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the time necessary for propagation across the array
aperture. The DOA, 9, is related to 1 by ¢ = Zsin(6),
where d is the spacing between adjacent sensors of the
ULA and ¢ is the propagation speed in the medium.

1. PPS EsTIMATION

A. Estimation Algorithm

In order to vividly observe the main idea of the
algorithm, we begin by rearranging (1) as follows,

(x(m))m = Aexplilax{nd)¥ 2)
. .
+ Y (kb4 Do (m—1))(nA))}
=0

where (x(n))m is the m* coinponcnt of x(n}

We define an operator, DPyx(n), 7] 2
[DPg[(x(n}}1, 7], ... DPr[(x(n)) aa Tl of order
K where DPy[] is the high-onder instantaneous
moment (HIM) operator defined in [4] and + is delay
parameter, which could be chosen according to [7] for
time being. This operator basically operates at each
sensor independently, hence it inherits the properties of
DPg{:] in temporal analysis. Thus, in case of no noise,
and by applying the Theorem 1 in [7] to (2), we obtain

¥{n.7) = DPgx(n), 7], n={(K-1)r,..N-1

where

y(n.7)m = Bexp{j{gn+um+7} Q)
¢ = Kirf'a¥ay %
po= /A (5}

v = (K=1YrA)egy
05K -1)K (7AYo

B = A*™

Hence, in compact form y(n,7) = a(u)Beilént)
where 7 is hold constant’ and a(u) is just the
narrowband array steering  vector, ie. a(g) 2
{1, e, ..., M4 =117 if we stack over different sam-
ples as Y = [y(0),¥(1),..., (N — 1)}, then we can
cbserve the shift invarianl in two directions, i.e. along
different columns and along different rows. By forming

m-factor temporal smoathing as follow,

y(0)  y(1) y{(N —m)
. y(:l) y(:2) yiv —:m+ 1) ©
y(m—-1) y{n) - y(N-1)

Lwe’ll suppress the r notation from here on 1o save space

315
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we could get the dual shift invarant to appear in proper
selection of different set of rows. The proper selection
matrices are

Jig = [In-1 1] ® Ly
Jys = [0 Imgj@Ips
Jop = Im®[Ep_1 04
Jy"u = In® [01 IM’—l]

which are to be left-multiplied to left-singular vector that
correspond to the largest singular value of (6) 10 get the
following sets of equations,

a"t
a"elht
where Y = us1v¥, s is the largest singular value, a’,
a” are vectors of a{u) with some rows deleied and ¢
is a scaling constant. Let ugy = Jzgn, uyy = Jyeu,
Uy = Jz,u and 1y, = Jy,u, we can obtain

i

Jepn = a't
a’ef%s

Iz

I

Jgpu = Jyuts

ui@“yé = ¢
= &* Q!

Thus the DP || operator has essentially transformed
a PPS array signal, which is non-stationary, into a sta-
tionary joint angle-frequency estimation (JAFE) problem
{3]. which is based on ESPRIT and hence it is search-
free and computationally efficient. The algorithm could
give the estimate of ¢ and 4 jointly, then following that,
the estimate of the K** order frequency parameter and
DOA can be exiracied by the following relations,

t
ul, iy,

. @
Gk = TIRIAR (8}
§ = aresin Cj&”) 9)

For better estimation of ¢ and p, spatial-temporal
smoothing and forward-backward averaging could be
done instead of temporal smoothing alone [3].

B. Aralysis and Idemifiability Condition

In addition 1o the identifiability condition in JAFE
algorithm, we will show the conditions on A, T, ayx
and dfc needed for performance and identifiability of
the algorithm.

Firstly, note that in the angle-frequency estimation
model, DOA and frequency of interest are related to
¢ and ¢, respectively and independéntly of each other.
While in PPS problem, as seen in (8) and (9), the K'*!
order frequency parameter is related to ¢ independent of
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4, but BOA is rclated to both g and ¢. This creates
problem to estimate DOA accurately. To observe the

* effect of the parameters on estimation accuracy, the first

order perturbation approximation, and the mean-square
error (MSE) of ¢ arc derived-as follows,

AB
o A? 2A2
E(S9) ~ —rE@) + SB(s8)
A? 5 125'2 2

‘We have used (5) to get (10). By substituting (4) to (10)
and using the fact of 4@ = a?;—'g-, we finally obtain

(Ac/d)?E(61%) + (sin8)2E(5¢7)
= (m

(1 E-1AK g e cos6)2
Simitarly the MSE of &5 can be obtained from (4) as

follows, E (&;62)

From (11), it can be observed that MSE of ¥ is
affected by MSE of 4. Increasing the ratio of A 1o
dfe will rednce the effect of estimation etror of ¢.
Furthermore, if we increase A, we are reducing the
hardware requirement to sample fast and at the same
time the MSE of DOA and ax can be reduced.

Secondly, the conditions to estimate DOA and ax
unambiguously are |¢| < 7 and |p| < . These
conditions could be rewritten using {4) and (5) as follow,

E(66%).~

(12)

rk-tak-r o LT
ek |A

Kirk-lak -t o
laxci(dfc)

These could be combined as one inequality,

H3 L
]_a-;l- mm(} Z)
This inequality upper bounds the choices the parameter
A we can use.

Finally, it shonld be noted that the performance of
DOA relies on the actual parameler -og; the larger
ay, which roughly corresponds to larger-bandwidth, the
better the performance of DOA. As for smaller ay;, we
might still be able 10 compensaie the performance by
increasing A, but it is not possible for very small ax. In
this case, it is preferable to use the vsual narrow band
DOA estimation method directly or after the removal of
higher order a)’s from the signal using the method in

(71

K!TK-IAK—J < (13)
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cand T =

IV. SIMULATION AND DISCUSSION
A. Simulation Examples

In these simulation examples, we consider a 10 sle-
ment ULA with inter-element spacing of d = 1.5m and
¢ = 1500m/s, which is propagation speed of sonar. In
the first two figures, root mean square error (RMSE} of a
Linear FM signal, i.e. K = 2, is computed through 100
Monte-Carlo runs, The signal parameters are fp = 0,
51 = 420Hz, f = 10042, 8 = 40° with sampling
interval of A = 4-10733, number of samples N = 256
128. In addition to that, the spatio-temporal
smoothing of factor m = 64 and L = 3 together with
forward-backward date extension have been incorporated
in the algorithm. In Fig. 1, the RMSE of f» and DOA
plotted against the SNR. As for the comparison, ML
method, simulation and theoretical result of proposed
method are shown on the same figure,

In the second figure (Fig. 2), the RMSE of both f;
and @ are plotted against A, while SNR is held at 30dB,
to show the dependency of RMSEs toward choices of
A. Note that the simulation for A 2 4 - 1073 is not
shown because it violates the ambiguity condition (13},
and hence there will be significant RMSE. It can be
clearly seen that the theorctical results plotted are very
close to the simulation results.

In the last simulation, we showed that the algorithm
works well for order K = 3 . The signal parameters
are fo = 0; fy = 300Hz, f2 = 10042, £ = 1004z,
# = 40° with sampling interval of A = 4-10~3, number
of samples N = 255 and v = 85. The spatio-temporal
smoothing factors are m = 42 and L = J. The RMSE
results are plotted against SNR in Fig. 3.

B. Discussion

The algorithm - shows the possible application of
ESPRIT-based JAFE algorithm in estimation of DOA
and frequency parameter of wideband PPS. The algo-
rithm presented here is primarily for single component
PPS signal, while direct applying the algedthm to mukti-
componcmt PPS signal will encounter the cross-term
problem dee to the non-linear operator DP[]. This
problem is severe and has been an open problem in time-
frequency rescarch domain. Since the algorithm here ap-
plied to single source, the JAFE algorithm becomes very
simple, and the joint diagonalization step is not necessary
(see (7)). The effect of varying r 1o the performance is

more complicated to be analyzed because it effects the

number of data of y(n, 7) available for JAFE algorithm
and the choice of optimum temporal smoothing factor
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Fig. 1. Companson of simulation resulis between ML and - the -
proposed method, RMSE of fz (Hz/s) and DOA () as funcon of .
SNPR. are in (a) and (b} respectively

m. in addition to the inverse proportional relation in (11)
and (12}, Due to the lack of space, we will not discuss
the effect of varying 7 in this paper. '

V. CONCLUSION .

We have shown the application of joint-

diagonalization algorithm 1o a single PPS signal.

This method is a closed-form algorithm and hence
computationally efficient. Further works are being done

to extend the application of the algorithm to muitipic .. N '
-Fig. 3.; RMSE of f3({Hz/8%) and DOA (°} as function of SNR are

sources PPS signal

REFERENCES

11} A. B. Gershman, M, Pesavento and M. G. Amin, "Estimaling
parameters of multiple wideband polynomial-phase sources in .
SENSOr Arcays”,
[2, Dee. 2001

estmation of mwhigle chirp signals using spatial time-frequency
distributions™, JEEE Signal Processing Lew.. vol.7, pp.152- !55
June 2000,

{3} A.N. Lemma, A.-), van der Veen, and E. F. Deprettere, "Anolysis

of Joint Angle-Frequency Estimation Using ESPRIT”, JEEE
. Trans. Signal Processing, vol. 51, No. 5. May 2003.
[4] G. Zhou, G. B. Giannakis and A. Swami, "On Polynomial Phase
Signals with Time-Varying Amplitudes”, JEEE Traus. Signal .
Processing, vol. 44, No. 4, May 1996,

317

10728167A__|_>

" Fg 2.

JEEE Trans. on Signal Processing, vol. 49, NoX:

. FNSE S DOAANT V8

wh e
CEN
Thaa,
Ty F\_‘b._-
[t
e bl TS

®3 5 ? T ] 34 .

4 (sac] gt

RMSE of f; (Hz/s) and DOA (%) as fumction of & at
SNR=30dB
YSE |
" " -
& xImaizhon
= Thacs micd

ST (Ha)

[ 15 20 ® 0
BNEL [ By
{at
RMSE &
4 Grtlahon
=G thagmptcal
.
o
<
3
R -
3 ] 20 ) L]
S0 X
(]

in (a) and (b) respectively

[5} B. Volcker and B. Quersten, "Linesr chirp parameter estimation
_from mutti channet data™, -Proc. 32nd Asifomar Conf. on Sign.,

2. Sverand Comp., Pacific Grove, CA, Nov. 1998,

6] B. Voleker and B. Ottersten. "Chirp parameter cstimation from

2 sample covariance matrix™, IEEE Trans, on Sigual Processing,

*vol.’49, No. 3. Marck, 2001.

[7] S’ Peleg and B. Freidlander, “The Discrete Polynomiat-Pase

* Transformn'", IEEE Trans. on Signal Processing. vol. 43, No.8,
pp'.!901-i9|4. Aug. 1995,




