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Adaptive Filter Processing in Microwave Remote
Heart Monitors '

W. BYRNE, P. FLYNN, R. ZAPP, axp M. SIEGEL

Abstract—This commmunication describes some current applica-
tions of adaptive filtering to the processing of microwave Doppler sig-
nals for heart rate monitoring. The problem has been approached in
the past using signal processing techniques such as peak detection or
autocorrelation. These methods either require large amounts of data
or tend to be unreliable. This communication utilizes some recent tech-
niques used in speech processing and applies them to heartbeat detec-
tion, thus allowing on-line processing of sampled microwave heart sig-
nals. The presentation includes a model for the signal, brief discussions
of the algorithms evaluated, and qualitative analysis of performance
compared to EKG measurements.

INTRODUCTION

Recent interest has focused on the ability to remotely detect hu-
man heart and breathing rates using microwave energy. A low-
level microwave signal is transmitted and received by a portable,
self-contained homodyne transceiver system. The Doppler-shifted
microwave returns contain the contribution of heartbeat and breath-
ing to chest motion. Techniques which have been employed to ex-
tract the heant signal from the detected microwave data include peak
detection and correlation (Hoshal er al. [1], Lin er al. [2], Popovic
eral. [3], Nowogrodzki er al. [4], and Favret and Caputo [5]). This
task is complicated by clutter components in the signal due to upper
body movement and channel noise. This communication presents
some signal processing techniques which reliably detect heartbeats
in noisy measurements given between 3-10 s of data, sampled at a
120 Hz rate.

The approach will be to assume a general form for the discrete-
time model of the filtered and sampled microwave heart signal.
Then. in real time, adaptive algorithms will be used to estimate
model parameters from the observed data and from the heartbeat
detectors. A comparison between EKG measurements and the de-
tector output will provide a measure of the effectiveness of this
approach. A similar all-pole modeling approach is used success-
fully in speech synthesis and compression; indeed, the similarity
of the heart signal to voiced speech motivated this investigation
(Lee and Morf [6] and Rabiner and Gold [7]). Of the many adaptive
filter techniques available. the performance of a least squares lat-
tice filter, a recursive least squares estimation technique, and a first-
order linear predictor will be evaluated in the microwave heart
monitor.

The adaptive filter detector does not produce beat-per-minute
(BPM) estimates of the heart rate in the usual sense, which is the
average of a large number of heartbeats over a considerable period
of time. Instead, this technique generates beat-to-beat estimates of
the heart rate which block processing methods such as autocorre-
lation are not able to do reliably. The advantage of this approach
is that the detection of a heartbeat is separated from the final esti-
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mate of the heart rate. With the techniques described here. it is
possible to detect heart rate variations within a block of data. An
additional advantage is that performance is not degraded by ape-
riodicities in the signal. a further drawback of autocorrelation de-
tection. Also, the ability to make instantaneous measurements al-
lows fast identification of heart behavior, such as a decreasing or
erratic heart rate.

MicrowaveE HEART SIGNAL MoDEL

The microwave heart signal will be modeled as the output of an
all-pole filter excited by impulses and white Gaussian noise. The
filter will be such that its impulse response matches one heartbeat.
Thus, if the input to the filter is an impulse, the filter output will
resemble a heartbeat. In this way, by driving the filter by a se-
quence of impulses, it is possible to produce an approximation of
the heart signal.

To produce amplitude variations in the signal model from beat
to beat, the impulses will be of varying amplitude. White Gaussian
noise will also be added to the input to introduce random variations
in the signal.

The following equation describes the model:

x(n) = axx(n = 1) + ax(n — 2)
+ -+ ax(n = p) + g(n) (1)

where x(n) is the output corresponding to the measured data at time
n and a; is the ith coefficient of the all-pole filter. The filter exci-
tation is g(n) = u(n) + w(n). The white Gaussian noise w(n) has
zero mean and variance RZ. The impulse train is represented by
u(n) and p is the filter order. In this model, u(n) is nonzero only at
the start of a heartbeat and the heart rate information is contained
in the model excitation g(n).

ADAPTIVE FILTERING

Estimating the model excitation from the observed data is an
inverse filtering or deconvolution problem. If the order of the filter
and its coefficients were known prior to implementation. inverse
filtering would be straightforward. The order has been found to be
sufficiently general from subject to subject to be determined before
implementation; an order of 1-3 is adequate. The coefficients a;
are unknown, however, and must be determined in real time.

The coefficients can be found by least squares techniques used
for linear prediction. Detailed developments of linear prediction
and its relation to least squares parameter estimation of all-pole
systems can be found in Makhoul [8], Kay and Marple [9], and
Orfanidis [10]. Briefly, the prediction error will be used to estimate
the model excitation. Assuming that the coefficients were known,
the least squares prediction would be

£(n) = ax(n — 1) + ax(n — 2)
+ A g — p). @)
The prediction error e(n) is
e(n) = x(n) —’.E(n)

which is.equal to the model excitation g (n).

The least squares prediction can be performed efficiently in real
time using adaptive filtering. The heartbeat detectors described in
this communication were based on three different adaptive filter
algorithms described below. The detectors used were restricted to
using parameters produced by the adaptive filters in order to min-
imize additional computations.

0018-9294/86/0700-0717501.00 © 1986 IEEE


















