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Abstract —The suppression of external interference in an
adaptive radar is often limited by frequency-dependent channel
tracking errors. Techniques for effectively equalizing a narrow-
band side-lobe canceler are discussed in this paper, and an
experimental four-channel receiver that supports both open-loop
and closed-loop operation is described. As implemented, three

different canceler modes are possible feedforward, feedback,

and a tandem feedback\feedforward combination, All three
modes have been successfully demonstrated in bench experi-

ments with a broad-band noise source using the sample matrix

inversion algorithm.

I. INTRODUCTION

F UTURE radar systems maybe confronted with strong

resistance in the form of noise jamming through the

radar antenna’s side lobes. Low side lobes and spread

spectrum techniques may reduce the impact of noise

jamming, but adaptive nulling is the radar’s most effective

defense. With advances in high-speed digital signal pro-

cessing technology, the sample matrix inversion (SMI)

method [1] may soon become economically feasible in a

number of applications. Although the SMI algorithm en-

joys well-known theoretical advantages with regard to

convergence, actual performance has been found to be

sensitive to receiver channel tracking errors [2]. This

paper explores two ideas for effectively achieving channel

equalization within the framework of a narrow-band

side-lobe canceler. The first approach relies primarily on

digital equalization to enhance conventional SMI perfor-

mance, whereas the second utilizes feedback to extend

the SMI method into the realm of analog adaptive cancel-
lation. The latter approach may ease some digital signal

processing requirements, although not without increasing

the complexity of the receiver. In demanding applications,

further improvements in nulling performance may be

realized by combining feedback and feedforward can-
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tellers in tandem. Cancellation ratios in excess of 50 dB

have been achieved in a four-channel test-bed system.

The organization of this paper is as follows: Section II

introduces a general receiver architecture for reducing

channel mismatch effects. Three modes of operation are

incorporated in this architecture: all-digital feedforward,

hybrid feedback, and a tandem combination of feedfor-

ward/feedback techniques. Each mode of operation is

described and the basic algorithms for channel equaliza-

tion and adaptive weight updating are discussed. A four-

channel experimental receiver with the multimode archi-

tecture is described in Section III. A novel arrangement

of attenuation and phase control devices is used to achieve

adaptive weighting of the receiver channels. A brief de-

scription of the nulling receiver is given along with perti-

nent measured data for the narrow-band filters as well as

the adaptive weights. Receiver channel tracking and digi-

tal equalization performance are examined in Section IV.

The results of adaptive cancellation bench tests are pre-

sented in Section V and our conclusions are summarized

in Section VI.

II. MULTIMODE ADAPTWE NULLING ARCHITECTURE

Three side-lobe canceler configurations have been in-

vestigated with the demonstration system described in the

following section. The SMI algorithm is employed in all

three architectures and in each case some form of digital

equalization is utilized. The basic open-loop configuration

is referred to here as the all-digital feedforward mode, In

this case, the receiver channels are equalized digitally and
an adaptive null is formed in the digital domain. In the

closed-loop configurations, the signals in each channel are

phase\ amplitude weighted and then combined to form an

analog null. Since the analog weights are actually con-

trolled digitally, the basic closed-loop configuration is

called the hybrid feedback mode. ln the tandem mode,

the outputs of the hybrid feedback canceler serve as

inputs for a conventional (digital) SMI canceler. The

three cancellation modes are depicted in Fig. 1 and are

further explained below. For simplicity, only a single

representative auxiliary channel is shown for each mode.
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Fig. 1. Adaptive nulling receiver modes ofoperation implementing the
sample matrix inversion algorithm with channel equalization: (a) feed-
forward mode; (b) feedback mode; and(c) tandem mode.

A. Modes of Operation

In the all-digital feedforward mode (Fig. l(a)), an

equalization filter is implemented digitally for each re-

ceiver channel. The main channel serves as a convenient

reference and the auxiliary channels are equalized with

respect to this reference. Analog tapped delay lines tradi-

tionally serve as adaptive equalizers in wide-band nulling

systems, and the digital equivalent is referred to here as a

finite impulse response (FIR) equalizer. Filter coefficients

for a FIR equalizer are readily determined using least

squares methods [3]. Equalizer coefficients and adaptive

nulling weights are best determined separately in

narrow-band applications. This requires an independent

calibration procedure for adjusting the equalizers, but the

additional effort is generally worthwhile since the compu-

tation rate for determining the adaptive (SMI) weights is

reduced considerably. Satisfactory results have been ob-

tained using either broad-band noise or a stepped CW

signal as a calibration source.

Adaptive weights in side-lobe cancelers have tradition-

ally been implemented with analog circuitry [4]. Most

analog feedback techniques are based on the method of

steepest descent, and the rate of adaptation is highly

dependent on system implementation details as well as

the interference environment. In contrast, the conver-

gence properties of the SMI method are completely de-

termined by the number of receiver channels and the

number of statistically independent samples used to esti-

mate the theoretical covariance matrix or its “voltage-

domain” equivalent. In principle, the convergence prop-

erties of the SMI algorithm can be exploited by the hybrid

feedback scheme in Fig. l(b) to obtain an essentially

optimum nulling solution almost instantly. An analog null

is produced in the receiver by adjusting a digitally con-

trolled, complex weight in each channel and then coher-

ently combining the weighted signals.

Simulation studies [51 suggest that the hybrid feedback

technique can be effectively applied in narrow-band sys-

tems provided channel tracking errors in the receiver are

carefully controlled or, if necessaw, compensated by the

digital signal processor. In our experimental work, certain

complications that may arise in attempting to equalize an

adaptive receiver have been avoided by placing the ana~log

weight in each (auxiliary) channel before the power di-

vider or pickoff point (denoted by the letter P in l?ig.

l(b)). This architecture departs from the conventional

arrangement found in the Howells-Applebaum loop [6],

[7], where adaptive weighting occurs after the pickoff

point. The analog weights were implemented with volt-

age-variable attenuators and phase shifters controlled by

16 b D/A (digital to analog) converters. D/A quantiza-

tion errors are negligible and the aforementioned archi-

tecture reduces the impact of calibration errors.

An all-digital adaptive nulling solution is clearly desir-

able whenever rapid convergence is paramount. However,

the potential for greatly improved cancellation provided

by digital equalization places a large premium on receiver

linearity and dynamic range. In this respect, A\D (analog

to digital) converters have obvious limitations. When dy-

namic range is the primary issue, the hybrid feedback

technique offers a significant advantage, namely, a sub-

stantially reduced output power level. Controlled by an

SMI processor, the convergence of the feedback mode is

not governed by covariance matrix eigenvalue spread as

discussed in [7], Nevertheless, the ambivalent behaviolr of

underdetermined SMI weights can sometimes hinder

adaptation. Although excessive weight jitter can be con-

trolled by diagonally loading the sample covariance ma-

trix, the response of the feedback mode may occasionally

be slower than one might like. In such instances, the
tandem nulling technique [8] shown in Fig. l(c) generally

hastens convergence. Ostensibly, the second (digital) stage

of cancellation corrects small errors that may limit analog

nulling performance.

B. Equalization

Even with careful receiver design, channel equalization

may be necessary in order to achieve good cancellation

performance. The two signal processing techniques dis-

cussed below are specifically aimed at determining filter

coefficients for an FIR equalizer. The deterministic
method is based on the receiver’s response to a sequence

of CW signals spanning the equalization bandwidth. Al-

ternatively, a receiver can be equalized adaptively on the

basis of its response to an external source of broad-band

noise (e.g., a jamme~). The adaptive approach is perhaps

easier to implement whereas the deterministic approach

is potentially more accurate. The least squares principle
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provides a solid mathematical foundation for both. In the

extended least squares algorithm described below, the

output of a receiver channel is represented as a complex

signal matrix. In turn, the equalization techniques are

completely characterized by the procedures used to gen-

erate the signal matrices. In the experimental system, an

M x N signal matrix is constructed for each channel from

calibration data as described below.

In general, the equalization objective is to determine

the best possible digital filter with a finite impulse re-

sponse described by N complex coefficients. The adaptive

method is described first since the preliminary signal

processing is minimal. In this case, a wide-band noise

source is applied to the receiver inputs and data are

recorded at the outputs of the appropriate chan-

nels. Assuming N equalizer coefficients suffice, I/Q

(in-phase/quadrature) data are arranged in rows made

up of N contiguous samples. Theoretical results [9] based

on the complex Wishart distribution suggests that M = 5N

statistically independent rows should yield nearly opti-

mum performance for an N-tap equalizer.

In a side-lobe canceler, the main channel provides a

natural reference for equalizing the auxilia~ channels.

Since the auxiliaries are treated identically, it suffices to

consider only one for this discussion. Thus, let X and Y

be M X N signal matrices for the auxiliary and main

channels, respectively, constructed in the manner de-

scribed above. Using matrix multiplication, the equalizer

output can be represented as XW, where w is a column

vector of reversed FIR coefficients

W’n = hN–n, ~=l,. ... N (1)

chosen to make the filter output match the reference

signal as closely as possible. Strictly speaking, the auxil-

iary channel is equalized with respect to the main channel

by taking the rightmost column of Y as the target. How-

ever, better performance is generally obtained by intro-

ducing a delay in the reference channel. The remaining

columns of Y taken in reverse order (i.e., from right to

left) represent a sequence of cases where the equalization

delay increases from one to N – 1 sampling intervals.

Filter coefficients for all N cases are given by the matrix

W that minimizes

E= Y–XW (2)

in the usual least squares sense. The residual channel

tracking error is given, as a function of equalization delay,

by the main diagonal elements of the residual covariance

EHE, where H represents the conjugate (Hermitian) trans-

pose operator. The best equalization performance is ob-

tained by identifying the filter coefficients with the col-

umn of W corresponding to the smallest diagonal element

of EHE. The least squares solution is easily derived from

the extended matrix Z = [X Y]. The QR decomposition

of Z, where Q is a unitary matrix and R is an upper

(right) triangular matrix, or, equivalently, the Cholesky

factorization [10]

zH:( =

[

XHX XHY

1

. RHR

YHX YH Y
(3)

then leads directly to the desired solution. Partitioning R
along similar lines, we have

[1

~=uv
OT

(4)

where U and T are also upper triangular matrices. It can

be shown that the least squares solution is given by

W = U’ 1P’ and that T is the Cholesky triangle of the

residual covariance (i.e., EHE = T ‘T). Consequently, the

residual channel tracking errors

lJ%J2= i IT..12 (5)
~=1

can be easily computed without having to first solve

UW = V for the filter coefficients. The residual channel

tracking error may actually be fairly insensitive to the

equalization delay, and in these instances utilizing a dif-

ferent delay for each auxiliary channel would be a nui-

sance. NeedIess complications can be avoided by choosing

the equalization delay to minimize the worst-case channel

tracking error.

Using broad-band noise for a calibration source has the

potential disadvantage that A/D converter saturation

generally becomes intolerable at a significantly lower av-

erage power level than with CW signals. Thus, one might

reasonably expect traditional calibration techniques to

yield better equalization performance. In the demonstra-

tion system described in the following section, equalizer

coefficients are computed on the basis of M = 85 calibra-

tion frequencies.

To apply the least squares principle in the frequency

domain, at a finite number of points {~~lrn = 1,” ~~,M},

the canonical form of a signal matrix is

Xmn = X( fm)mn(fw) (6)

where X(~) denotes the channel frequency response and

D(f) = exp{ – j2m~At} (7)

is the Fourier transform normally associated with a time

delay equal to the sampling interval At. In this case, the

distribution of the residual channel tracking error over
the equalization bandwidth can be controlled to some

degree by preweighting the signal matrices. This refine-

ment would perhaps be appropriate for applications in

which the interference exhibits a (known) nonuniform

power spectral density.

The calibration frequencies and the sampling interval

must be known explicitly in order to apply (7) in (6). In

practice, it may be easier or more reliable to determine

D(~n) directly from calibration data using a straightfor-

ward correlation technique. Thus, let Xn(k ) denote the

kth I/Q (i.e., complex) sample obtained from the nzth

calibration record. Each record represents the noise-cor-

rupted response of a particular receiver channel to a CW
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calibration signal with some fixed but possibly unknown

frequency. If the calibration SNR is very, large, additional

signal processing may be unnecessary; i.e., simply identify-

ing Xm. with Xn(n) may suffice. Otherwise, we proceed

by first calculating

q= f Xm(k)x:(k–l) (8]
k=l

where * is the complex conjugate operator. Setting

~(fm) = lc#Gt (9)

effectively estimates the product ~,. At and the channel

frequency response is subsequently obtained by correlat-

ing the I/Q data with D ‘~(~~). The result of this opera-

tion may be expressed as

X(f,n) = f xm(/c)D’(fm) (lo)
k=O

since the identity D-l - D* clearly holds for (9).

The feedback rules discussed in the following section

assume that the adaptive receiver is properly equalized.

Generally speaking, equalizer coefficients derived from

open-loop calibration procedures are not directly applica-

ble to the closed-loop modes. For closed-loop operation,

the inputs to all but one channel are disabled and equal-

izer coefficients for the remaining channel are derived

using the output of the closed-loop main channel as a

reference. The result is that the two paths from the

pickoff point to the adaptive processor (see Fig. lb) have

essentially the same frequency response. The process is

repeated for each channel.

C. Adaptive Weight Updating

The receiver architecture in Fig. l(b) is referred to here

as a preweighting canceler, The distinguishing feature of

this type of canceler is that the adaptive weight occurs

be@-e the pickoff (sampling) point P. This unorthodox

arrangement evolved from a rather innovative method of

implementing adaptive weights. In the experimental re-

ceiver, attenuation occurs in the first IF (intermediate

frequency) stage while the phase shift is applied in the

LO (local oscillator) line driving the IF mixer. This imple-

mentation simplifies the calibration task significantly, since

the amplitude dependence of the phase shifters is effec-

tively eliminated. The first IF stage was implemented at

200 MHz, and the measured variation of the attenuators’

frequency response was negligible over the 1 MHz nulling

bandwidth. Consequently, the adaptive weights in the

experimental receiver are essentia~ly frequency indepen-

dent. However, the standard algorithm for adjusting

adaptive weights must be revised in order to accommo-

date a preweighting canceler. It will be shown that the

required modification turns out to be ideally suited for

the class of adaptive weights which precipitated the new

architecture.

In the testbed receiver, the main channel depends on

the mode of operation. For closed-loop operation, the

primary open-loop input is discarded and the output of

the analog combiner becomes the primaw closed-loop

input. This arrangement economizes on channels and is

adequate for the bench tests described in Section IV.

However, for the purpose of discussion, let us suppose

that the open-loop main channel is retained as an alterna-

tive primary input. The closed-loop main channel pro-

vides the adapted main-beam signal, generated within the

receiver, while the open-loop main channel carries the

unadapted or quiescent main-beam signal. The latter is

the primary input to the all-digital feedforward canceler,

while the closed-loop main channel supplies the primary

input to the tandem canceler. The role of the open-loop

main channel in the closed-loop modes is discussed be-

low.

With the two main channels postulated above, “open-

100P feedback” is a distinct possibility. The interpretation

of this apparent misnomer is that the analog weights are

adjusted on the basis of SMI weights calculated for the

all-digital feedforward mode. A similar open-loop tech-

nique was previously utilized [11] in a master/slave ar-

rangement, and at least a modicum of success was

achieved without digital equalization. In our application,

open-loop feedback could be utilized to initialize or, if

warranted, reinitialize the analog weights. It should be

emphasised, however, that the update rules for open-loop

and closed-loop feedback are not the same.

The method of computing FIR equalizer weights dis-

cussed in the previous section can be used to calculate

SMI weights for a side-lobe canceler by reinterpreting the

signal matrices X and Y appropriately. In this case, each

row of X (Y) represents an independent “snapshot” of

the outputs of the auxiliary (main) channels. Evidently,

the extended triangularization implicit in (4) is directly

applicable to receivers with multiple output channels. In

particular, an estimate of the noise residue for each mode

of the experimental receiver is readily available from (5).

Consequently, the adaptive processor can first determine

the cancellation performance achieved in each mode and

then compute the weights for the preferred mode. Let

(o; open-loop
m=

1; closed-loop
(11)

indicate the main channel selected by the adaptive Pro-

cessor. The digital weight w for an arbitrary channel

calculated by the adaptive (SMI) processor generally de-

pends on m. Moreover, the feedback rule for updating

the corresponding analog weight, say g, also depends on

m. In a conventional canceler, g = w if m = O (open-loop

feedback) whereas A g = w if m = 1 (closed-loop feed-

back), For a preweighting canceler, the update rules m-e

given by Ag = (m – 1 + w)g, or equivalently, g -(m+

w)g, where the arrow signifies replacement.

In the testbed receiver, the adaptive weight in each

channel is functionally equivalent to an attenuator and a

phaser placed in series. This type of weight is controlled

in a logarithmic manner; thus its complex voltage gain
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(a)

(b)

Fig. 2. Integrated adaptive nulling testbed. (a) Left side view. (b) Right
side view.

(value) is naturally represented as g = e’, where the real

and imaginary components of z = LY+ j+ specify the at-

tenuation and the phase shift, respectively. When loga-

rithmic weights are implemented in a preweighting can-

celer, the update rules can be expressed as

Az=log(m+w) (12)

which is independent of z. On the other hand, if logarith-

mic weights are utilized in a conventional canceler, A z =

log(nz + we ‘2) clearly depends on the current value of

the analog weight.

III. DEMONSTRATION SYSTEM

This section describes an experimental L-band adaptive

nulling system. Photographs of the four-channel receiver

are shown in Fig. 2 and its relevant design parameters are

listed in Table 1. A block diagram of the testbed configu-

ration is depicted in Fig. 3, A more detailed diagram of a

representative channel is shown in Fig. 4.

TABLE I
ADAPTWE NULLING RECEIVER TESTBEDPARAMETERS

Number of Channels 4
Frequency Range 1,25 to 1.35 GHz
Instantaneous Bandwidth 1 MHz
A/D Converters 12-b, 5 MHz
Nulling Weights (IF) 16-b Amp./Phase
First IF 200 MHz
Second IF 30 MHz
Baseband Offset 1.5 MHz

L–– —–— —., L—–-––—––.–—–—––––—–––—-

. . . . . . SOURCE ,,.,,”5.

E
.“...,, !

z
n,.,,.i

..LI

C“A.N,L .

CHANNEL ,

,.,..,, ,

, O!GIT.L
, *IC”TS

L––––..–––.–.
COMPUTER

Fig. 3. Four-channel adaptive nulling receiver configuration.

The RF front end serves to amplify, filter, and down-

convert the L-band signal to the first IF of 200 MHz. By

varying the first LO frequency, the receiver can be tuned

over a 100 MHz band, from 1.25 to 1.35 GHz. After

down-conversion to the first IF frequency of 200 MHz,

the signal is filtered with a 10 MHz bandwidth filter. Up

to 40 dB of adaptive attenuation can be applied at this

point. The signal is then mixed to the second IF of 30

MHz with an adaptively phase-controlled 170 MHz LO.

Prior to narrow-band filtering, the 30 MHz signal is

coupled off to an analog nulling junction. Several com-

puter-controlled switches permit arbitrary selection or

termination of the signals going to the nulling junction. A

third mixing process with a 28.5 MHz LO brings the

signal down to baseband with a 1.5 MHz frequency offset.

The baseband signal is subsequently digitized by a 12 b

A/D converter at a 4.5 MHz sampling rate. With appro-

priate low-pass and digital I/Q filtering, the offset fre-

quency avoids image and bias problems and minimizes

harmonic distortion introduced by the video amplifiers.

In the experimental system, data collection and pro-

cessing are carried out in a batch mode. Under computer
control, an RF signal is injected into the front end of the

four receiver channels via a power divider. The computer

then triggers a programmable pulse generator which sends

out a burst of 256 pulses tci all four A/D converters. The

same set of pulses is also used to strobe A\D data into

four data buffers. After the buffers are full, the computer

sequentially addresses each buffer and transfers the data

to memory for further processing. A complex (I\Q) rep-

resentation of the received signal is generated from the

A\D data using a 47-tap FIR filter derived from a

Dolph–Chebyshev window function. The frequency re-

sponse of this filter is shown in Fig. 5. The digital archi-

tecture depicted in Fig. 6 intrinsically down-samples the
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Fig, 4. Block diagram for one channel of the adaptive mrlling receiver. Nrrlling amplitude weights are applied at 200 MHz
and nulling phase weights are applied in the 170 MHz LO. Narrow-band filtering occurs after the nulhng weights are
applied.
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Fig. 5. I/Q filter frequency response.

l/Q GENERATION EQUALIZATION

Fig. 6. Digital filter architecture for I/Q generation and channel
equalization.

I/Q filter output by 3:1 before applying it to the FIR

equalizer. In the demonstration system, I\Q filtering and

channel equalization were actually implemented with

software.
The 1 MHz instantaneous receiver bandwidth is estab-

lished in the second IF (30 MHz) stage by six-section

cavity filters. The effective frequency response of the four

narrow-band filters, as viewed at baseband, is shown in

Fig. 7. The differences in the frequency responses of all

four cavity filters (relative to the average) are shown in

Fig. 8. If uncompensated, these amplitude and phase

o
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Fig. 7. Measured frequency response for the four 30 MHz IF band-pass
filters as viewed over the down-converted (baseband) frequency range,

(tracking) errors would limit cancellation between any two

channels to 25 dB or less.

Voltage-variable attenuators and phasers controlled by

16 b D\A converters were used to implement the analog

nulling weights. Fig. 9 shows the measured response of

the auxiliary channels as a function of the normalized

D/A inputs, As indicated in Fig. 9(a), the attenuators

provide monotonic amplitude control over a 40 dB dly-
namic range, The nonlinear input/output relationship is

easily calibrated digitally. Fig, 9(b) shows a significant

phase shift associated with a change in attenuation which

must also be taken into account when setting the adaptive

weights. In order to obtain the nearly linear phaser lre-

sponse shown in Fig. 9(c), a maximum phase shift of 9(F is

applied to a 30 MHz LO signal. The fourth harmonic of

the phase-shifted signal is selected and then mixed with a

50 MHz LO signal to generate a 170 MHz LO signal with
360° of phase control.

The task of setting the adaptive weights is generally

complicated by phase errors in the attenuators. However,

amplitude errors that might otherwise be caused by the

phasers are virtually eliminated by introducing the phase

shift in a mixer under nearly saturated conditions. Conse-

quently, the adaptive weights in the testbed receiver can



IEEE TRANSACTIONS ON MICROWAVE THEORY AND TECHNIQUES, VOL. 39, NO. 5, MAY 1991

15

10

05

0

–o 5

-10

–1 5

-20

(a)

-2’ ~

05 1 15 2 25

FREQUENCY(MHz)

(b)

Measured fremrency response differences (relative to the aver-
ag~) for the 30 MHz IF band-pa& filters as viewed over the down-con-
verted (baseband) frequency range: (a) amplitude and (b) phase.

be controlled very accurately by first setting the attenua-

tors and determining the resulting phase errors from

calibration data; the phaser settings are then adjusted

accordingly.

IV, RECEIVER CHANNEL TRACKING

The channel mismatch (frequency response differences)

for the all-digital feedforward mode is shown in Fig. 10.

Similarly, Fig. 11 shows the relevant channel mismatch for

the hybrid feedback mode. Notice that the errors are

almost exactly the same in the two cases. The similarity is
due to the fact that all components preceding the analog

nulling junction are relatively wide-band compared with

the narrow-band cavity filters. The last point is important,

since the hybrid feedback technique cannot compensate

channel tracking errors that occur before (outside) the

feedback loop. In the experimental receiver, the analog

null is formed prior to the narrow-band filter in the main

channel, and the pickoff points precede the narrow-band

filters in the auxiliary channels.

FIR equalizer coefficients are extracted from calibra-

tion data as described in Section II. A testbed calibration

procedure typically produces 128 blocks of CW data cov-

ering the entire baseband from dc to 2.25 MHz. Each
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(a) (b)
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I /> I
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2 180 ./L
.

.,/’
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Fig. 9, Measured response of adaptive nrdling weights as a function of
D/A corwerter input: (a) attenuator amplitude response; (b) attenuator

phase error; and (c) phaser phase response.

block contains the receiver’s response to a different CW

frequency, and since the bandwidth of the equalizers is

limited to 1.5 MHz, only the 85 blocks spanning 0.75-2.25

MHz are used for equalization purposes. Receiver chan-

nel tracking performance is shown in Fig. 12 as a function

of the number of taps (filter coefficients) permitted in the

equalizer. The results indicate that 16 taps should suffice

for achieving 50 dB cancellation in the experimental sys-

tem. Without equalization, the channel tracking error

normally varies between – 30 dB and – 20 dB. As dis-

cussed above, these errors are almost entirely attributable

to the narrow-band cavity filters.

The frequency response of the four receiver channels,

before and after equalization, is shown in Fig. 13 for the

feedforward mode. The elimination of both the negative

frequency image and the spurious dc component by the

I/Q filter is clearly evident in Fig. 13(b).

V. CANCELLATION RATIO TESTS

The three modes of operation described in Section II

have been investigated in a series of bench tests. For

these tests, wide-band noise was injected into the receiver

channels through a four-way power divider and coaxial

cables. The cable lengths are matched for calibration

purposes and during “nondispersive” tests. In “dispersive”

tests, cables of different lengths are substituted (after

calibration) in order to simulate the effect of a jammer

wavefront arriving at slightly different times at each of

four antenna receiving elements.
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Fig. 10. Measured RF to baseband auxiliary-channel mismatch (rela-
tive to open-loop main channel) for the all-digital nulling case: (a)
amplitude and (b) phase.

Experimental results obtained from both dispersive and

nondispersive tests are shown in Fig. 14 for the all-digital

feedforwrd mode. Before adaptation, the jammer power

at the output of the receiver main channel is about 53

dBq, where q signifies the quantization level (i.e., least

significant bit) of the A/D converter. With a sufficient

number of auxiliary channels (i.e., degrees of freedom)

and 16-tap equalizers, the interference level can be re-

duced to about 3 dBq for a cancellation ratio of 50 dB.

Without equalization, cancellation performance degrades

significantly, particularly if only one auxiliary channel is

available. Under the mildly dispersive conditions simu-

lated in these tests, two equalized auxiliary channels suf-

fice for achieving the 50 dB cancellation objective.

Examples of the cancellation performance of all three

modes are shown in Figs. 15 to 17. The two traces are the

measured power levels at the input and output of the
digital combiner. The experimental system does not oper-

ate in real time, and thus the power measurements have

simply been plotted versus an iteration index. A block of

250 contiguous samples is collected and processed for

each iteration. Iterations 1–59 establish the thermal noise

level under quiescent conditions; the external interfer-
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Fig. 11. Measured IF to baseband auxiliary-channel mismatch (relative

to closed-loop main channel) for the hybrid-feedback case: (a) amplitude
and (b) phase.
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Fig, 12, Measured FIR equalization performance in terms of resiclual
channel tracking error when the number of equalizer taps is varied from
1 to 16 for the four-channel adaptive nulling receiver.

ence is switched on at iteration 60. In Fig. 16 and 1[7,

feedback is enabled at iteration 120.

Fig. 15 shows a typical dispersive test of the feedfor-

ward mode with three auxiliary channels. In the feedfm--

ward mode, the receiver gain is normally adjusted so th~at

the quiescent (thermal) noise power is well below O d13q.

This maximizes the useful dynamic range of the A/D
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Fig, 13. Measured frequency response of the four-channel testbed

receiver: (a) before I/Q filtering; (b) after I/Q filtering; and (c) after
equahzation.

converter for adaptive nulling purposes but adversely

affects the noise floor of the system. Evidently, the resid-

ual interference level (after adaptation) in Fig. 15 is about

10 dB above thermal. A large increase in the effective

system noise figure would be undesirable in a surveillance

radar, for example, and under these circumstances the

hybrid feedback method offers significantly improved per-

formance. Fig. 16 demonstrates cancellation in the feed-

back mode over a larger dynamic range than is currently

possible in the feedforward mode. When extra degrees of

freedom are available, excessive weight jitter may affect

the performance of the feedback mode, as seen in Fig. 17.
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Fig. 14. Measured adaptive cancellation of one large jammer (with

and without dispersion) as a function of the number of auxiliaries with
the four-channel nullmg receiver operating in the feedforward mode. A

significant improvement in cancellation is evident when two or more
auxiliary channels are used, as well as when equalizers with 16 taps are

implemented.
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Fig. 15. Measured adaptive cancellation of one large jammer with the
four-channel nulling receiver operating in the feedforward mode. The

quiescent noise power (prior to iteration number 60) is well below O

dBq. After adaptation the residual interference level is significantly
above thermal noise which represents a degraded system noise figure.

In this nondispersive test case, the accelerated response

of the tandem mode is apparent. In the closed-loop

mode(s), the empirical cancellation ratio is 55 dB, and a

null depth (i.e., the power ratio of the external interfer-

ence before and after adaptation) of 58 dB at the canceler
output can be inferred from the observed power levels.

VI. CONCLUSION

An experimental receiver has been built in order to

investigate promising new adaptive nulling concepts.

Bench tests have demonstrated that the SMI method is

capable of significantly better cancellation when aug-

mented with digital equalizers. The measured results pre-

sented in this paper clearly establish the importance of

channel equalization as well as the need for adequate

adaptive degrees of freedom when confronted with dis-

persive jamming signals<
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Fig. 16. Measured adaptive cancellation ofadispersive jamming signal
with the four-channel nrdling receiver operating in the closed-loop
modes. An improvement in the dynamic range with closed-loop opera-
tion allows a larger cancellation compared with the feedforward mode

(Fig. 15).
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Fig. 17. Measured adaptive cancellation of a nondispersive jamming
signal with the four-channel nulling receiver operating in the closed-loop
modes. Notice theimproved convergence of thetandem mode compared
with the feedback mode. Convergence is achieved in effectively one
iteration.

The four-channel experimental receiver routinely

achieves 50 dB adaptive cancellation over a 1 MHz band-

width in the all-digital feedforward mode. In this mode,

performance is apparently limited by the useful dynamic

range of the A/D converters. The hybrid feedback mode

yields superior performance for perhaps two reasons.

First, a somewhat higher interference level can be toler-

ated without causing saturation in the adapted output.

Second, the subranging A/D converters in the experi-

mental receiver generate less spurious noise when oper-

ated well below full scale range. Thus, for adaptive nulling

purposes, the feedback mode exhibits both a larger dy-
namic range and a lower effective noise figure than the

feedforward mode. Although the response of the feed-

back mode has been shown to suffer when the digital

(SMI) weights behave erratically, the tandem mode has
proven capable of restoring essentially instantaneous con-

vergence.
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