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ABSTRACT

This paper proposes an algorithm for the suppression of
narrow-band interference in direct sequence spread spec-
trum (DSSS) systems, based on the open loop adaptive IR
notch filtering. The center frequency of the interference
is monitored on-line by the adaptive lattice IIR notch fil-
ter in [6] or by time-frequency analysis in [3]. The power
of the interference signal is also estimated from the adap-
tivefilters. Another lattice IR notch filter is placed in front
of the receiver, the notch of which is controlled by the fre-
guency estimate to remove the interference. However, the
IR notch filter with the zeros on the unit circle also removes
the information signal at the notch frequency while remov-
ing the interference and causes data distortion. Hence, the
depth of the notch should also be adjusted for the trade-off
between data distortion and effectiveinterference reduction.
The objectivefunction for adjusting the depth of thenotchis
defined as the overall signal to noise ratio (SNR). The SNR
is expressed as afunction of filter parameters and the notch
depth that maximizes the SNR is found. Simulation results
show that the proposed algorithm yields better performance
than the existing FIR notch filter [3] and the conventional
FIR LMS agorithm with very long taps[1].

1. INTRODUCTION

The direct sequence spread spectrum technique employs
the PN (pseudo noise) code to spread the data sequence over
amuch wider bandwidth than required. The processing gain
from the spread spectrum inherently provides resistance to
narrow-band interference (NBI). But when the interference
is too strong to be protected by the processing gain, we
need an additional narrow-band noise suppressor as a pre-
processor. It has been shown that the NBI suppression capa-
bility of spread-spectrum systems can be further enhanced
by employing adaptive filters prior to despreading [1]- [4].
Traditionally, linear prediction filters have been employed
for reducing time-varying interferences [1]. Transform do-
main filtering was also studied extensively, and the tech-
niques based on time-frequency analysis were proposed for
highly nonstationary environments [2]. Short-time discrete
fourier transform (DFT), Gabor, wavel et transforms or sub-

band filter bankswere applied in these cases. Morerecently,
Amin [3] introduced the open-loop FIR adaptive notch fil-
ter for excising the interference. Amin also introduced the
optimal agorithm for the adjustment of the notch depth of
the FIR filter with respect to the interference power [4].

In generd, IR filters can provide frequency responses
closer to an ideal notch filter than can FIR filters of the
same length. Hence, we employ the IIR notch filter pro-
posed in [5, 6] for more efficient suppression of NBI with
less computational complexity, compared to the FIR filters.
More specifically, the open loop adaptive filtering approach
in [3] is applied to the IIR notch filter, which places the
notch on the interference frequency. In order to find and
track the instantaneous frequency (IF) of the interference
where the notch frequency should be located, a frequency
estimator such as the time-frequency distributions (TFD’s)
isaso needed asin [3]. In our approach, another IIR notch
filter of the same structure is employed for the IF estima-
tion, which is used both as an adaptive line enhancer (ALE)
for power estimation and as a frequency estimator by the
adaptive algorithmin [6].

If the zeros of the notch filter are placed on the unit cir-
cle at the interference I F, the filter has infinite notch depth,
and thereby leads to perfect excision of the interference.
However, the infinite notch depth creates a problem such
as self-noise[4], becausethe informationis also completely
removed at the notch frequency. The data distortion gen-
erated from infinte notch depth causes performance degra-
dation below the case of “no excision” when the interfer-
ence power is low. Hence, it is required to find the optimal
notch depth for the trade-off between data distortion and
effective interference reduction. In the proposed notch fil-
ter, two parameters related with the depth and width of the
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Figure 1: System block diagram



notch can be controlled to maximize the SNR at the filter
output. For this purpose, the equation for the output SNR
is derived as a function of filter parameters and the optimal
notch depth is found for the given frequency and power of
the interference. Simulation results show that the proposed
algorithm providesbetter SNR and BER (bit-error-rate) per-
formance than the interference suppresi on techniques based
on the FIR adaptivefilters.

This paper is organized as follows. In Section 2, we re-
view the lattice I IR notch filter. In Section 3, the SNR at the
filter output and the adaptive algorithm are derived. In Sec-
tion 4, simulation results are represented. Finally, Section 5
gives the conclusions.

2. LATTICEIIR NOTCH FILTER

The transfer function of the lattice IR notch filter in [5] is
given by
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where « is the pole-zero contraction factor, and k&, deter-
mines the notch frequency. The variables £, and « control
the depth and width of the notch, respectively. The block
diagram of the proposed interference cancellation system is
shown in Fig. 1. It is assumed that a tone interference and
white Gaussian noise are added to asingle DSSS signal. As
shown in Fig. 1, the ALE is used for the estimation of the
frequency and power of the interference, where other anal-
ysis methods such as TFD can also be used [3]. The ALE
has the same structure as the IR notch filter and the adap-
tive algorithm in [6] is used for the frequency estimation.
Since the output of the ALE is the narrow-band signal at the
interference frequency, we consider the power of the ALE
output as the power estimate of the interference. The IIR
notch filter reduces the time-varying interference by placing
the notch on the interferencefrequency. Itisalso required to
control the notch depth according to the interference power
to prevent excess data distortion. The input to the IR notch
filter is modeled as

v(n) = d(n) +j(n) + w(n) 2

where d(n) is the data signal multiplied by the PN code,
j(n) isasingletoneinterferencerepresented by asine wave
with random phase, and w(n) is white Gaussian noise. If
the data signal has a normalized magnitude of 1 or —1 and
the PN code is long enough, d(n) can be considered as a
sequence, p(n), having independent-identical distribution
with the same probability of being 1 or —1. Specificaly,
theinput signal can be rewritten as

v(n) = p(n) + Acos(won +¢) +w(n) (3

where wy is the center frequency of the interference, and
1 is the random phase uniformly distributed over [ —m,x].
Then, the output signal of the proposed IIR notch filter is
given by

Do(n) + jo(n) +wo(n)  (4)

where p,(n), jo(n), and w,(n) are the output components
of the data, the interference, and Gaussian noise, respec-
tively. It is noted that p,(n) is a distorted version of the
information signal p(n) due to the data distortion caused
by information removal at the notch frequency of H(z).
Hence, it is required to adjust the depth of the notch in or-
der to reduce data distortion while excising the interference
effectively.

3. DERIVATION OF SNR AND ADAPTIVE
ALGORITHM

For adjusting the filter parameters to have the optimal
notch depth, it is required to express the output SNR as a
function of the parameters, and find an optimal value that
maximizes the SNR for the given environments. From the
proposed model in the previous section, the output SNR can
be defined as
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where E[(y(n) — p(n))?] = E[p*(n)] — 2E[y(n)p(n)] +
E[y*(n)]. If we assume that p(n), j(n), and w(n) arein-
dependent of one another, p,(n), j,(n), and w,(n) areaso
independent. Hence, it follows that

Ely*(n)] = [( o(n) + jo(n) + wo(n))’]

where hk is the impulse reposponse of the IR notch filter,
and o7 and o are variances of j,(n) and w,(n), respec-
tively. By themdependence Ely(n)p(n)] can be given by

Ely(n)p(n)] = E[p,(n)p(n)] = ho- )
From the egs. (5)-(7), the output SNR is described as
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As stated previously, we need to express eq. (8) as a func-
tion of filter parameters. For this purpose, we first define
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where D(z) is the all-pole part of the notch filter asin eq.
(1). Let R,y (n) betheautocorrelationof g(n). Then R4, (0),
Rg4(1), and Ry, (2) can be expressed as[6]
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where 62 = E[w?(n)]. Since w,(n) = N(n)g(n), the
variance of w,(n) is given by

op = {1+ k5(1+ k7)? + kT } Ryy (0)
+ {2ko(1 + kl)z}Rgg(l) + 2k0Rgg(2). (13

If we substitute egs. (10)-(12) into eq. (13), o 2 becomes
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Moreover, sinceo? = E[w}(n)] = 0% > -, hi, we have
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Thenextterm, o7 , in eq. (8) is theinterference power after
IIR notch filtering. Since j(n) is a sine wave with center
frequency wy, the variance of j,(n) is given by
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If we have the exact interference frequency wq, welet kg =
— cos wy, and eq. (16) becomes

|[H(e). (16)
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Hence, from egs. (14), (15), and (17) the output SNR in eq.
(8) is expressed in terms of filter parameters as
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where JSR is the jammer to signal power ratio which is
A%/2 in our example. In order to maximize the SNR we
need to find & that minimizes the denominator of eq. (18),
provided that « is set to afixed value. The denominator can
be expressed as afunction of &4, i.e.
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where B = 1‘]ng2 In order to find the optimal &, we differ-

entiate f(k, ) and solve the following equation given by
f'(k1) = o*BE} + (2aB — o*B + o — a)k?
+(1—a+ B—-2aB)k; —B=0. (20)

Since f'(0) = —B < 0 and f'(1) = (@ — 1) > 0, it
is easily shown that the equation has at least one real root
in the range [0,1]. The roots of eq. (20) is expressed as
a function of JSR and we can choose one of the roots that
corresponds to the optimal notch depth. Fig. 2 shows opti-
mal k; obtained from the theoretical resultsin eq. (20) as
the JSR is changed. Also shown in the Figureis the plot of
experimentally obtained k; by extensive smulation. This
shows that the optimal &; derived from the equation is in
accordance with the experiments. It also verifiesthat k, ap-
proaches 1.0 as the JSR increases. |n other words, the notch
becomes deeper for stronger interferences and vice versa.
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Figure 2: The variation of optimal k; with repect to JSR
(N. =128 ,a =0.85, 0% = 10dB)

4. SSIMULATION RESULTS

Fig. 3 shows the comparison of BER of DSSS systems
for severa algorithms (FIR LMS [1], FIR notch filter [3],
and the proposed algorithm) when the interference is very
strong. As verified in Fig. 2, k; isamost 1.0 in the case of
the proposed algorithm for such strong interferences. The
result showsthat the proposed algorithm providesthe lowest
BER and is constant over a wide range of JSR. Fig 4 shows
the results of SNR vs. JSR in order to demonstrate that the
proposed algorithm effectively controls the notch depth to
be deeper for the higher JSR. It shows that the proposed al-
gorithm approaches the case of “full suppression” when the
JSR is very high, because the notch becomes deeper for this
case. On the other hand, it approaches the case of “without
notch filter” when the JSR is low in order to prevent data
distortion caused by notch filtering. Finally, Fig. 5 shows
this relationship in terms of BER vs. JSR.
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Figure 3: BER curve of severa notch filters as JSR changes
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Figure 4: Comparison of SNRvs. JSR (N, = 128, o =
0.85,0% = 10dB)

5. CONCLUSIONS

An IIR notch filter and an agorithm for the adjustment
of filter coefficients have been proposed for the excision of
narrow-band interference in DSSS systems. The zeros of
the notch filter are adjusted to be placed on the frequency
of the interference, using frequency estimators. However,
if the zeros are on the unit circle, the notch depth is infi-
nite and the filter removes the information as well as the
interference. This causes data distortion and the perfor-
mance of the receiver is degraded below the level of when
no excision is performed. Hence, an adaptive algorithm for
the given notch filter is proposed to adjust the depth of the
notch as well as the notch frequency. For this purpose, we
have derived the equation for the SNR as a function of fil-
ter parameters, and obtained the optimal notch depth for the
given frequency and power estimates of theinterference. As
an estimator of the frequency and power, we employed the
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Figure 5: Comparison of BER vs. JSR (V. = 128 , a =
0.85,02 = 10dB)

IIR adaptive line enhancer of the same structure as the ex-
cisor [5,6]. The estimates can aso be obtained by other
methods such as TFD [3]. The simulation results show that
the proposed algorithm adjusts the depth of the notch effec-
tively for the given JSR, and provides better SNR and BER
than the conventional FIR notch filter and FIR LMS algo-
rithm.
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