ADAPTIVE HETERODYNE FILTERS (AHF) FOR DETECTION
AND ATTENUATION OF NARROW BAND SIGNALS

Karl E. Nelson and Michael A. Soderstrand

Digital Signal Processing and Communications Laboratory (DSP/C)
Electrical and Computer Engineering Department
One Shields Avenue
University of California, Davis, CA 95616 USA

ABSTRACT 2. ADAPTIVE HETERODYNE FILTER

A fixed filter may be converted into an adaptive filter with a _
single adaptation parameter through the use of a new2.1l Basic Concept

Adaptive Heterodyne Filter (AHF) concept in which the The basic concept of the Adaptive Heterodyne Filter (AHF) is

frequen_cy of the_ he_terodyne signal 'S gdjusted theeryquite simple. As in a super-heterodyne radio receiver and
trans_latlng_ the. entire filter transfer function in frequency. If Intermediate Frequency (IF) signal is mixed (heterodyned)
the fixed filter is selected to be a very narrow-band band-passii, the incoming signal to translate the detection and
filter, the new AHF concept can be used very effectively in gemodulation problem to a fixed-frequency spectrum in
the elimination of narrow band interference in wide-band which it is most convenient to implement the detector and
communications or control systems. A specific example of demodulator. Similarly, the AHF system mixes an IF signal
the removal of a slow-moving time-varying mechanical with the input signal to translate the filtering problem to a

resonance from the control signal for a flight control system fixed frequency where it is convenient to do the filtering

demonstrates the power of the new AHF concept. operation. However, in the case of the super-heterodyne
radio, the incoming signal is at a fixed frequency whereas in

the case of the AHF the interference is time varying in
1. INTRODUCTION frequ_ency. Thus in order to mgintain a fixed freque_ncy for
the filter, we must constantly adjust the IF frequency in order
Narrow-band interference is a common problem in modernto translate the input interference to the fixed filter that is
communications and control applications. In Frequency- Used to attenuate the interference [10].
Hoping Spread-Spectrum (FHSS) and Direct-Sequence
Spread-Spectrum (DSSS) communications systems, security
and efficient channel usage are achieved by spreading the
energy of the communications signal across a wide band of
frequencies allowing for simultaneous use of the channel by
multiple users [1, 2, 3, 4]. However, strong narrow-band
signals from.stapdard AM and FM radlo_trgnsmls_smns within x(n) c(n c(n) R - p(n)
the communications channel can make it impossible to detect
the spread-spectrum signal [5, 6, 7, 8]. Similarly, in many
control applications a narrow-band signal from a mechanical
resonance can interfere with the feedback control signals
from various transducers making it impossible to detect and

p—> q(N)

control the parameters of the plant [9, 10]. In many of these c(n)

situations it is not possible to use a fixed filter to eliminate n L
the narrow-band interference because either there are many c(n) =cosy @ s(n=siny ¢
interfering signals popping on and off at different times and 1=0 1=0
frequencies or the frequency of the narrow-band interfering Figure 1. Heterodyne Filter Block Diagram.

signals is time-varying such as the case of a mechanical
resonance varying in frequency as temperature changes [9].
In these situations, an adaptive narrow-band filter for 2 2 AHF Block Diagrams

detection and attenuation of the narrow-band interference is _ _
required. Figure 1 shows the block diagram for the Adaptive

Heterodyne Filter (AHF) [10]. The input signal is multiplied



by the intermediate frequency (IF) functiom) in the upper U, (e/®) = X(e!)*C(e®) = 1/2 [X(e"“?) + X ()] (2)
branch and by the IF functios(n) in the lower branch thus _
translating the input signal to the intermediate frequency (IF) We see that the signaK(w) has been translated up to the

where a fixed filter removes the interference. The frequencynew IF frequency f where the fixed filter may operate on it.
@ of the IF signal is adapted as a function iofin such a way We may then translate this back to the baseband. Making use

as to bring the narrow-band interference frequency to the©f €quations (1) and (2) we find andv; in the frequency
frequency of the fixed filter. At the output of the fixed filter, domain:

IF functionsc(n) ands(n) are used to translate the signal back i i i

to the origina(ll )freque(nt):y band (baseband) in suchgaway that/ 16" = Ui(e")H(e™)
we generate two signajgn) and q(n) which are used in the = 1/2) H(e'®) [X(e (9 - X(eX“9)] (3)
standard LMS adaptive algorithm. Figure 2 shows the LMS

adjustment scheme used to adjust the frequenayf the IF Vo' = Uy(e!)H (')

signalsc(n) ands(n)  The outputp(n) from the circuit of ; o ;

Figure 1( ié the fi(ltgred signal guﬁ)(ut) which forms the error = 12 HE™) XE"?) + X)) ()
function ¢ for the LMS algorithm of Figure 2 and the output
g(n) from the circuit of Figure 1 formde / d@, the derivative We may then find the output signp(n) in the frequency
of the Heterodyne Filter Outpup(n) = £ ) with respect to the ~ domain as follows:

adaptive parametep which is used in the LMS algorithm of

Figure 2 [5, 6, 10]. Wy(e) = Vy(e)*sS(e’)
[ = -1/4 [H(Ee?) (X(e"™) - X(e"))]
+UAIHE ) (X(e) - X(e""?)] (5)
) i Wo(e') = V(e C(e’)
() —=x 7 ao]Hoge = VA THE! ) (1) + X()]
Heterodyne c +1/4[H(e @) (X (%) + X(e @] (6)
Filter Block P

> out(n
( ) adding the terms we form:

Figure 2. Adaptive LMS Algorithm Adapts IF frequengy

P(e") =% [H(e ) + H(e" )X ") (7)
After passing through the Heterodyne Filter Block, the two
signals pass through two identical selection filters that
determine the area of sensitivity [9, 10]. The selection filters o the system transfer function is
are made of 3 Gray-Markel lattice band-pass filters in series _ _
[11]. These selection filters limit the adaptation range for the P(e'“)/X(€'”) = Hysysien(€’®)
notch filter so that the notch will not wander into an area of ., (-9 ()
critical control signals. The selection filter also limits the =% (H(e )+ Hi(e ) (8)
range over which the IF frequency must be adjusted. The in-

phase signal is the error of the system. The out-phase is thep;s is a most remarkable result as it says that there will be no

derivative of that error with respect¢o These are multiplied  gjiases created by the heterodyne in this filter arrangement.

together withu to form the derivative ofp with respect to  Both filters are of identical shape and the same order. They

time, (based on the a LMS algorithm) which is then integrated 5re centered about’2-¢ and V2+¢ (if the original was

to form @ which is the change in phase per sample for the ground2). If there is no signal of interest abom the

heterodyne. result is that we have moved the filter purely by heterodyne.
No heterodyne-aliasing filters are required and no delay is

L . introduced as was the case in previous AHF filters [10].
2.3 Derivation of the Filter Response P [10]

First let us take a look at the Heterodyne Filter Block of 24
Figure 1. Assuming for the moment thatonstant, we may '
write the expression far, andu, in the frequency domain as:  Assuming that are gradient is dependent on '#(ewe will
need its derivative with respect to the IF frequepcyor this
Uq (€19 = X(el9)*s(el®) = 1/2) [X(e/@?) - X(el@dy (1 we will start with I-_I(e'“_’) and transform it ba_ck to time space,
1(67) = X(e")rS(e") 1 IX( )-X( n@ then take a derivative, and then manipulate it back to

Derivation of LMS Gradient



frequency space so we can generate this from other termslesigned for Rockwell Division of Boeing North America

available in the filter. [9]. The mechanical resonance frequency varies slowly with
time due to temperature changes and ranges in frequency
H(e'®) = ¥ [H(e'“™®) + H(e/“)] 9) between 100 Hz and 115 Hz. The control signals are all

located below 100 Hz. The sampling rate of the system is
. . fixed by other considerations at 6 kHz. Therefore our fixed
In the time domain, we must express h(n) as a sequence ofilter of Figure 1 is chosen to be the bandpass filtevzaor

changing frequencieg since ¢ is not a constant: 1.5 kHz as shown in Figure 3. The notch is achieved by
subtracting the resulting bandpass filter from one.
h(n) = cosg"—o@ ! hy(n) (10) Technically it is slightly more complex than this because the
output p(n) in Figure 1 is characterized by the sum of two
take derivative of equation (10) term by term: bandpass filters as seen in equation (9). In general, each of
the passbands of these bandpass filters is corrupted slightly
Sh(n)S = -sin{ Znizo(ﬂ} h(n) (11) by the tail of the other bandpass filter requiring a correction

factor in order to produce the desired notch filter. However,

. . ) . by choosing the bandpass filter as shown in Figure 3, the
Now make the typical assumption that is made in most LMS

lqorith h . h | derivative by th correction factor happens to turn out to be achieved by
algorithms that we can estimate the actual derivative by theg,,paction it from the input as shown in Figure 3. Details of
current sample:

this will be presented in a future paper. It is also possible to
replace the bandpass filter with a notch filter and achieve the
h(n) = -sin(n) h(n) (12) same results, but once again a correction factor is needed
which can be implemented the same way.

Sh(n)Be= 1/(2j) [-e™h(n) +e™ hy(n)] (13)

Now going back to the frequency domain: Han(2) = (140 (1-79 »%pw"—»gﬁ—» g(n)
2(1laz?
SH(e')/3¢ = -1/(2)) [H(Ee ™) - H(e )]  (14) u v s(n)W
L [ o
From Figure 1 we see that equation (14) can be obtained fromx(n)— c(n) C(n) i > “\ > p(n)
the t dw. ¥
e terms wand w; u1 -HBP v, , A
W) = Vy(e)Ce’) s(n) s(n)W
n 3
=1/(4j) [Hf(ei(uﬂp)) (X(e J'(rquJ)) - X(ej‘*’))] c(n) = cosigo(g C(%n)
+L/(4)[H(e?)(X(e) - X)) (15) s(n) = sin,_%oq

Wa(e") =Vy(e)*s(e")

= 1/(4)) [H(e @) (X(e 1“2 + X(e!)]
-L/(4)[HE ) X(E) + X)) (16)

Figure 3. AHF for Experimental Results

3.2 Attenuation of a Stationary Sine in Noise

Taking the difference of equation (15) and (16) yields the The first experiment was designed to demonstrate th_at the
desired derivative of equation (14) Hence q(n) in the diagramAHF can detect and attenuate a fixed sine wave without

of Figure 1 is the derivative needed for the LMS algorithm to attenuating the desired control signals. The selection band
adjust the IF frequency. was set from 100 Hz to 115 Hz and the filter setup of Figure

3 was used. Figures 4 shows the simulation results for an
interfering sine wave at 107 Hz (amplitude 1.0) in noise

3. EXPERIMENTAL RESULTS (mean 0.5 uniformly distributed) with control signals at 20
_ DC (amplitude 0.5) and at 200 Hz (amplitude 1.0). The fixed
3.1 Experimental Setup filter is at 1.5 kHz as shown in Figure 3 and the adaptive

) . . circuit successfully adjusted the IF frequency to attenuate the
The Adaptive Heterodyne Filter (AHF) was applied to the gine wave. We can see in Figure 4 that the filter output

problem of detecting_and attenuatin_g a n_arrow-band Signal(dotted line) has provided a 40db attenuation of the
caused by a mechanical resonance in a flight control systemy,onanical resonance dropping it to the noise floor. The



bandpass filter usas = 0.99 and the optimum LMS step size optimum LMS step size wag = 0.0006.

was 4 = 0.00004. Convergence occurred within 3000 occurred within 3000 samples.

samples.

Figure 4. Attenuation of a Stationary Sine in Noise
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4. SUMMARY

Using the AHF of Figure 1 with the LMS adaptive algorithm
of Figure 2, we are able to accomplish adaptive heterodyne
filtering without the need for anti-ailiasing filters. This is a
major improvement over previous AHF designs.
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Figure 5. Attenuation of a Time Varying Sine in Noise

3.3 Attenuation of Time Varying Sine in Noise



