2240

IEEE TRANSACTIONS ON BIOMEDICAL ENGINEERING, VOL. 55, NO. 9, SEPTEMBER 2008
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Omid Sayadi*, Student Member, IEEE, and Mohammad Bagher Shamsollahi, Member, IEEE

Abstract—This paper presents efficient denoising and lossy com-
pression schemes for electrocardiogram (ECG) signals based on a
modified extended Kalman filter (EKF) structure. We have used
a previously introduced two-dimensional EKF structure and mod-
ified its governing equations to be extended to a 17-dimensional
case. The new EKF structure is used not only for denoising, but
also for compression, since it provides estimation for each of the
new 15 model parameters. Using these specific parameters, the
signal is reconstructed with regard to the dynamical equations of
the model. The performances of the proposed method are eval-
uated using standard denoising and compression efficiency mea-
sures. For denosing, the SNR improvement criterion is used, while
for compression, we have considered the compression ratio (CR),
the percentage area difference (PAD), and the weighted diagnos-
tic distortion (WDD) measure. Several Massachusetts Institute
of Technology-Beth Israel Deaconess Medical Center (MIT-BIH)
ECG databases are used for performance evaluation. Simulation
results illustrate that both applications can contribute to and en-
hance the clinical ECG data denoising and compression perfor-
mance. For denoising, an average SNR improvement of 10.16 dB
was achieved, which is 1.8 dB more than the next benchmark meth-
ods such as MABWT or EKF2. For compression, the algorithm was
extended to include more than five Gaussian kernels. Results show
atypical average CR of 11.37:1 with WDD < 1.73%. Consequently,
the proposed framework is suitable for a hybrid system that inte-
grates these algorithmic approaches for clean ECG data storage or
transmission scenarios with high output SNRs, high CRs, and low
distortions.

Index Terms—Denosing, ECG dynamical model (EDM),
extended Kalman filter (EKF), hidden state variables, lossy
compression.

I. INTRODUCTION

LECTROCARDIOGRAM (ECG) recordings obtained by
E a noninvasive technique is a harmless, safe, and quick
method of cardiovascular diagnosis. The accuracy and content
of information extracted from a recording require proper char-
acterization of waveform morphologies, which, in turn, require
the preservation of the phase and amplitude important clinical
features and high attenuation of noise. ECG signals are usu-
ally corrupted with unwanted interference such as muscle noise,
electrode artifacts, line noise, and respiration. On the other hand,
efficient ECG compression techniques are desirable due to the
huge amounts of digital data generated by ECG monitoring de-
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vices, and because the data need to be stored or transmitted over
a communication channel [1]. In addition, certain transmission
and storage methods can lead to segment corruption or packet
loss, and therefore, dropouts missing data.

Several techniques have been proposed to extract the ECG
components contaminated with the background noise and al-
low the measurement of subtle features in the ECG signal. One
of the common approaches is the adaptive filter architecture,
which has been used for the noise cancellation of ECGs contain-
ing baseline wander, electromyogram (EMG) noise, and motion
artifacts [2], [3]. Statistical techniques such as principal compo-
nent analysis [4], independent component analysis [5], [6], and
neural networks [7] have also been used to extract a noise-free
signal from the noisy ECG. Over the past several years, meth-
ods based on the wavelet transform (WT) have also received a
great deal of attention for the denoising of signals that possess
multiresolution characteristics such as the ECG [8]-[13].

Several ECG compression techniques have been developed
within the last 30 years, most of which are based on lossy
schemes for their higher compression ratio (CR) [14]. The com-
pression techniques devised for ECG signals are classified into
three different groups: direct, transformational, and parametric
extraction methods [14], [15]. Most of the proposed schemes
are based on the first two approaches. Hence, a few researchers
have investigated the parametric extraction techniques.

On the other hand, a synthetic model has been proposed for
generating artificial ECGs, which has unified the morphology
and pulse timing in a single nonlinear dynamic model [16].
Concerning the simplicity and flexibility of this model, it can be
easily used as a base for ECG processing, as demonstrated by
Clifford et al. [17], where the use of the model to filter, compress,
and classify the ECG was first proposed. This approach was
based on the least squares error (LSE) optimization. The model
may be further used in dynamic adaptive filters, such as the
Kalman Filter (KF). Sameni et al. proposed the use of a KF
framework to update the model on a beat-to-beat basis in order
to filter noisy ECGs [18]—[21]. The polar form of the dynamical
equations was also used for Kalman-based ECG denoising [20].

In this paper, the KF framework has been further modified by
adding 15 more equations to present the governing equations
of the model parameters. In fact, the new proposed structure is
aimed at estimating these new parameters, as well as the ECG
signal. The added parameters are further used for reconstructing
the ECG. Similar to [17], our proposed algorithm puts into work
both the denoising and compression approaches simultaneously,
but based on a sequential representation on a beat-by-beat dy-
namical adaptive basis. Meanwhile, the model is nonlinear and
requires the nonlinear counterparts of the conventional Kalman
filter. Our proposed model-based framework is built upon an ex-
tended Kalman filter (EKF) structure. Although there are several
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Bayesian filters such as the extended Kalman smoother (EKS)
and unscented Kalman filter (UKF), in this research, we have
chosen the EKF for its simplicity and more numerical stabil-
ity. However, the overall filtering performance is expected to be
better with EKS or UKF.

The paper is organized as follows. Section II provides back-
grounds on the EKF theory. Section III summarizes the ECG
artificial model. In Section IV, the new complete EKF structure
is proposed to incorporate the ECG dynamical model (EDM)
parameters. In Section V, our proposed algorithm for denoising
and compression is explained in details. Simulation results are
provided in Section VI. Finally, discussion and conclusions are
provided in Section VIIL.

II. EXTENDED KALMAN FILTER REVIEW

The EKF is a nonlinear extension of conventional Kalman
filter that has been specifically developed for systems having
nonlinear dynamic models [22]. For a discrete nonlinear system
with the state vector xj, and observation vector ¥y, the dynamic
model and its linear approximation near a desired reference
point may be formulated as follows:

L1 = flzy, wy, k)
~ (&g, Wy, k) + Ap(zg, — 2) + Fio (wy, — )
Y, = 9(zp, vp, k)
~ g( k

By, 0, k) + Cr (g, — &) + Gr (v — ) "
where
Ay = W F, = Of (Zx, w, k)
L T=iy dw w=1w,
- R L
Ck = M Gk — M (2)
Oz v _

=2, v=u,

Here, wy, and v, are the process and measurement noises,
respectively, with covariance matrices Q = E{wjw! } and
R, = E{vyv! }. In order to implement the EKF, the time prop-
agation and the measurement propagation equations are sum-
marized as follows:

{ i]?.;rl = f(i?v@a k)|g:Q
Pry = AP AL + BLQWE!
& =& + Kily, — 9(&;,0,k)|u=0]
Ky = P, Cl'lCv P CF + Gi]™! 3)
P]:— = P]: — KkaP]:
where & = E{z;|y, .Y, ,,---,¥,} is the a prior estimate
of the state vector, x},, at the kth update, using the observations
yi1to yi_,,and & = E{xyly, ,y, ,,---,y,}is the a posteri-
ori estimate of the state vector after adding the kth observations
yi- P, and P,j are defined in the same manner to be the esti-

mations of the covariance matrices in the kth stage, before and
after using the kth observation, respectively.

III. ECG DYNAMICAL MODEL

McSharry et al. [16] proposed a realistic synthetic ECG
generator using a set of 3-D state equations that generates
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a trajectory in the Cartesian coordinates. Sameni et al. [20]
transformed these dynamic equations into the polar form to
obtain a simpler compact set, with the simplified discrete form
shown as:

Opiq1 = (Gk + wé)mod(27r)

D

i€{P.Q.R.ST}

2
Zhp1 = — 502)2—;)A6i exp (— gbefl ) +z21+7
“)
where § is the sampling time, «;, b;, 6; are the amplitude,
angular spread, and location of the Gaussian functions, and
Af; = (6 — 0;)mod(27) represents the RR interval variability.
The ECG is then described by the set of discrete samples formed
by z. 1 is a random additive white noise, which represents the
baseline wander effects and models other additive sources of
process noise [20]. As it is seen in (4), the palliative/provoking,
quality, radiation, severity, timing (PQRST) waves are modeled
with a sum of five Gaussian functions, each of which is located
at a specific angular position 6;. In fact, the 3-D trajectory
consists of a circular limit cycle in the polar plane, which
is pushed up and down as it approaches each of the 6;. The
projection of the trajectory on the z-axis gives a synthetic ECG.

IV. PROPOSED COMPLETE EKF STRUCTURE TO INCORPORATE
THE ECG MODEL PARAMETERS

In [19]-[21], the authors studied the application of EDM to
ECG denoising using an EKF structure with only two state
variables (which we call EKF2). In their works, they chose 6
and z as the only state variables. Hence, the state vector and the
process noise vector were:

xp = [Or2]”

Wy = [an---aaTvbPa"'7bT70P7"'79T7w7N]T' (5)

Using the previous state variables, it is only possible to have
estimations of the ECG (for example, in denoising applications)
and the phase. Since these parameters are those that make the
artificial ECG adaptable to different ECG signals, we have added
the a;, b;, and 0; (i = P, Q, R, S, and T) to the state variables
and have proposed new dynamical equations for each. Long-
term ECGs can be described by a series of states described by
a given power-spectral density with similar parameters over the
short term [23]. This idea motivated us to propose autoregressive
(AR) dynamics as follows:

Yilk + 1] = yyi[k] + u;[k] (6)

where y; denotes any of the 15 Gaussians’ parameters o,
b;, and 6;, with u; indicating its corresponding white noise.
Regarding the small changes of the PQRST morphology during
several cycles, we have adopted this AR model. In order to en-
sure a valid set of equations, we have sety = 1 (ory = 1), since
the Gaussians’ parameters are expected to have little variations
from one beat to another beat in normal ECG signals. We expect
that the recent sample of any of the newly introduced parameters
can be regressed on the past value of itself to produce a useful
estimate for the new sample. However, the AR (1) model also
provides a noise term that accounts for the perturbations in mor-
phology from beat to beat (such as those caused by respiration,
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or changes in heart rate). For constructing the EKF structure, we
have the new state vector and process noise vector as follows:

70P7"'79T}T
Sups]t @)

With the 17 state variables in (7), the new modified EKF
model is formulated as:

0k + 1] = 0[k] + wd = F1(0k,w, k)
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®)
The basic idea of the EKF is to linearize the state-space model
(4) at each time instant around the most recent state estimation.
Equation (9) represents the linearized version. Note that the
terms which are equal to zero are not cited in this equation.
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Having linearized the new modified EDM, an EKF may be
developed. Note that in order to model the effects of the mis-
match of the EDM with a true ECG signal, it is necessary to
introduce a process noise in the dynamic model. For this, an
additive random Gaussian white noise has been assumed in (8).
This small portion of noise, 7, gives more flexibility to the KF,
and prevents it from converging to undesired limit cycles [4].
In the proposed EKF structure, we have only two noisy obser-
vations corresponding to the state variables 6 and z [21], which
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are related to the state vector as follows:

W PR R Y

Sk o100 --- 0 V2,

where ¢ and s are the noisy observations corresponding to the
phase and the ECG signal, respectively. v; and v are the obser-
vation noises. Other state variables for which we have no obser-
vations are considered as the hidden states. In the EKF model,
these variables would be estimated with respect to their dynam-
ics given in (8). Also, we have Ry, = E{[v1, , vs, |[v1, ,v2,]T }.
In the context of estimation theory, the variance of the observa-
tion noise in (10) somehow represents the degree of reliability
of a single observation. In other words, when a rather precise
measurement of the states of a system is valid, the value of Ry,
is low, and the Kalman filter gain is adapted such as to rely on
that specific measurement. While for the epochs that the mea-
surements are too noisy or there are no measurements available,

the value of Ry, is high and the Kalman filter tries to follow its
underlying dynamics rather than relying on the observations.

(10)

V. MODEL-BASED DENOSING AND COMPRESSION

Once the EKF structure is constructed, we can perform se-
lected processing applications on ECG signals. The proposed
framework can estimate any of its states according to the dy-
namical equations and the observations. In fact, they enable us
to build up denoising and compression blocks, a concept that is
addressed next.

A. Denoising

The proposed nonlinear Bayesian framework estimates its
variables using the state dynamical equations and its observa-
tions, noisy phase ¢ and noisy ECG s. Since the ECG signal, z,
is a state variable in the EKF structure, the filtering procedure
provides its estimation, &5, which is regarded as the denoised
version of the input signal.

B. Compression

A mathematical representation for the clean ECG signal can
be obtained by integrating the last equation of the continuous
form of EDM (1) with respect to t [16]. This way, the ECG
signal is formulated as a sum of five Gaussians as:

AG?
Z aiexp | =75 |-

ie{P,Q,R,S,T}

According to (11), if we have only an estimated value for the
«;, b;, and 6;, we can reconstruct the original ECG. Since we
have considered these variables as the states of EKF, we can
easily estimate their values from 2., ;. But, the EKF updates its
estimations when a new sample is observed. This means that the
EKF estimates the «;, b;, and 0; parameters time series, in a sim-
ilar manner to 6 and z. We expect a constant value for each of the
15 Gaussians’ parameters during each heartbeat. This is espe-
cially true, because the amplitude, spread, and angular location
of the PQRST do not vary within a single ECG beat. In practice,
since the estimated series of «;, b;, and 6; are not a definitely
constant function, we use its average value over each heartbeat

z(a,i, bL,OZ) =

(1)
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and use equation (12) to reconstruct the estimated ECG.

Zros = Z 2; exp <_[(i1 — :%7:+10)m0d(27r)]2) W

52
i=3:7 25715

This way, for every detected beat of an ECG, we must
store/transmit 15 values. Also, as it can be seen from (12) that
we need to store/transmit the estimated phase Z; to be able to
reconstruct the ECG. However, since the phase values are lin-
early distributed between —m and +m, we can only encode the
zero locations (i.e., the R-peaks of Z5). In the decoder, we use
these locations to assign the phase values between —7 and +7.

A more accurate representation for reconstructing the com-
pressed ECG through a sum of Gaussians is possible if we
vary the number of Gaussian functions in (12). Clifford et al.
proposed an extension of the EDM, which used an arbitrary
number of Gaussians, with two Gaussians for each asymmetric
turning point [17]. As was shown [24]-[26], using six—eight
Gaussians is a more appropriate choice for the number of ker-
nels used for reconstruction, but this would further affect the
compression performance. We will discuss this point in the next
section.

The proposal to use the EDM for compression was previously
introduced an optimization scheme to find the LSE fit for the
input ECG [17]. This fit was mathematically optimal in the LSE
sense, but did not use any dynamical adaptable information
about the input ECG. In the previous approach, the nonlinear
optimization has to be performed within each cycle of the signal.
Also, initial values of the parameters of the model are required.
These initials together with the system dynamics (8) enable
us to find an optimal fit for the proceeding cycles through the
recursive solution (3). The current implementation is also based
on the EDM. However, our method uses the dynamical set of
equations in the construction of an adaptive filter, which not
only uses the ECG as an observation but also depends on the
state dynamics. Furthermore, the EKF-based algorithm does not
need to have the initial parameters for every cycle of the input
signal. Hence, the proposed EKF-based technique is an efficient
idea for ECG compression.

VI. RESULTS

The proposed algorithm implemented in Matlab on a Core
Duo computer at 1.86 GHz with 1 Gb RAM. The same machine
was used to measure processing time for the test signals. To
study the performance of the proposed method several standard
data sets from PhysioBank [27] were used, including the MIT-
BIH normal sinus rhythm database (DB1) [28], the MIT-BIH
noise stress test database (DB2) [29], the MIT-BIH arrhyth-
mia database (DB3) [30], and the MIT-BIH compression test
database (DB4) [31].

It is worth noting that the initial value for the state vector as
well as the selection of the covariance matrices of the process
and the measurement noise will highly influence the trajectory
of the estimated vectors. Hence, prior to the implementation
of the filter, it is necessary to select their values. In order to
automate the parameter selection procedure for any given ECG,
the parameters should be estimated from the signal itself. Similar
to the approach discussed in [21], we have calculated the phase-
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wrapped ECG for all phases between —7 and 7. Using the mean
[ECG(0)] and the standard deviation (SD) [ogcc(0)] of this
new representation for the input signal, we are able to estimate
the initial values for the dynamic model parameters using a
typical nonlinear optimization scheme like Isgnonlin.m [32],
[33], as proposed in [17]. It should be noted that the algorithm is
highly affected by the choice of these initial values. Especially
since the 15 Gaussians parameters need to be estimated only
from two observations, errors in assigning their initial values
cause the output of EKF not to follow the input ECG. Thus, the
more precise the initial values are, the less the perturbation in
the observations affects the filtering performance.

Similarly, the covariance values of @); are found by calcu-
lating the magnitude of the deviation of the parameters of the
five Gaussian functions of EDM around the estimated mean,
that best model the acceptable deviations of the ECG around
ECG(#). This is again a nonlinear least-squares problem that
is solved by finding the optimal parameters that generate the
best fit of the mean ECG within the upper and lower ranges
of ECG(0) + orcc (0). We have used a global value for the
angular frequency w, which is a simpler approximation for short
signals with minor RR-interval deviations (between 10% to
20% [21]). This way, it may be set to w = 27 /TR, where Trr
is the average RR-interval of the whole signal. In a similar man-
ner to [21], we set E{v} } = (wd)?/12, and E{v} } is found
from the deviations of the inactive segment of the ECG, between
the end of the T-wave and the beginning of the next P-wave,
which correspond to the ending segments of the phase-warped
ECG.

Before presenting the experiments and results, the scope of
the proposed filtering scheme needs to be further clarified. In
the presented approach, due to the phase wrapping of the RR-
interval to 27, normal interbeat variations of the RR-interval
(between 10% to 20%), or consistent RR-interval abnormalities
such as Bradycardia or Tachycardia do not considerably affect
the filter performance. However, for morphological abnormal-
ities that only appear in some of the ECG cycles, such as the
Premature Ventricular Contraction (PVC), the phase error of
the model can lead to large errors in the Gaussians function lo-
cations. Especially for low input SNRs, where neither the model
nor the measurements are reliable for the filter, the filtering per-
formance is not expected to be satisfactory. However, the benefit
of the Gaussian mixture representation is that the effect of each
Gaussian term vanishes very quickly (in less than the ECG pe-
riod), meaning that the errors are not propagated to the follow-
ing ECG cycles. Moreover, by monitoring the state estimates’
covariance matrices and the variations of the innovation signals,
itis possible to detect such unexpected abnormalities. Of course,
it should be considered that the accurate filtering of abnormal
ECGs with high morphologic changes, such as QT hysteresis
and premature contraction beats, remains an open problem [21].
However, we are now studying EDM-based segmentation meth-
ods to extract the abnormal cycles of ECG signals. This way, it
is possible to filter any ECG, if we can split the input signal into
two or more signals with little morphological beat variation. The
method proposed in [25] is another possibility. All these show
the necessity of extensive and more accurate studies to develop
a reliable technique to overcome mentioned problems.
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Fig. 1. Typical filtering results of EKF17 for different input ECGs. (a) Record
116 from DB3, with an additive white Gaussian noise of -2 dB. (b) Record
118e24 from DB2, with calibrated amount of real EMG noise (corresponding
to an input SNR of 2 dB for the noisy portion). (¢) Record 203 from DB3, with
real motion artifacts (corresponding to an input SNR of 5 dB).

A. Denoising

The second estimation from the estimated states vectors ob-
tained by the proposed EKF model with 17 state variables
(EKF17) was chosen as the denoised signal. Three databases
DB1, DB2, and DB3 were used to study the performance of the
proposed method. Fig. 1 shows denoising results for different
types of noises including white and real noises. As it can be seen,
the denoised signal follows the clean ECG morphology when
artificial white noise is added [see Fig. 1(a)]. Also, for the real
EMG noises, the denoised signal is free from any EMG artifacts
[see Fig. 1(b)]. Motion artifact is generally considered the most
troublesome, since it can mimic the appearance of ectopic beats,
it causes undesired notches on the ST segment and cannot be
removed easily by simple bandpass filters, unlike other types.

Fig. 1(c) indicates that EKF17 is also able to remove motion
artifact, while preserving diagnostic morphological information
of the signal. Note that because there are underlying dynamics
for the ECG signal, which constrain the filtering, motion artifact

Amplitude (mV)

2
Time (sec)

Fig. 2. Typical filtering results of EKF2 and EKF17 for an input signal of
5 dB using an additive white Gaussian noise (Record 16265 from DB1). The
peaks distortions for EKF2 are clearly seen, especially in the ST segments and
the R-peaks.

cannot force the denoised signal follow distorted waveforms.
To clarify this, see Fig. 1(c), where the denoised signal shows
a different pattern to that of the noisy signal. Specifically, the
T-wave end points in the denoised signal do not follow the
distorted T-wave end points of the noisy signal.

To appreciate the merits of EKF17 over the previously EKF
model with two state variables (EKF2), we have illustrated the
results of both methods in Fig. 2. One can easily find the peak
distortions of EKF2, especially for the QRS complex, and the
distortions in the ST segment.

For evaluating the performance of the proposed method, we
have used the SNR improvement measure given by:

i = R 2iln (i) — x(i)lz>
imp[dB]=SNR,yput —SNRj,pu =10 log (Zz 2a(0) — 2(1)

(13)
where x denotes the clean ECG, z, is the denoised signal, and
x,, represents the noisy ECG.

In order to investigate the performance of our algorithm and
to compare it to different benchmark methods, we have imple-
mented the EKF2 algorithm [21]. Also, a recently proposed al-
gorithm based on the multiadaptive bionic WT (MABWT) [13],
which has shown the best results among wavelet-based filter-
ing techniques, has been implemented. Typical values for the
SNR improvements of the ECG records of DB3 are provided in
Table I. The analyzed portions of the records (in seconds) are
also detailed in Table I. To ensure the consistency of the results,
the whole procedure was repeated 100 times over the selected
portions of the records of DB3 and the first 60 min of all 18
records of DB1; each time using a different set of random white
Gaussian noise at the input. The SNRs were generally calcu-
lated over the second half of the filtered segments, to ensure that
the transient effects of the filters would not influence the SNR
calculations. For a quantitative comparison, the mean and SD of
the SNR improvements versus different input SNRs is plotted in
Fig. 3. Note the superiority of EKF17, especially in lower input
SNRs, where the clean ECG is lost in noise.

B. Compression

Having the estimations of the EKF state variables (7), the
reconstructed ECG is obtained using (12). Fig. 4 shows an ECG
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TABLE I
PERFORMANCE EVALUATION OF THE BENCHMARK DENOISING ALGORITHMS
ON DB3. THE VALUES SHOW SNR IMPROVEMENT IN DECIBELS

Algorithm EKF2 | EKF17 EKF17 EKF17
111 | 0-55 6.28 5.88 891 6.76 6.40 8.65 6.92 870 9.48
113 | 0-60 7.52 7.46 859 7.63 8.08 9.15 8.00 8.98 10.00
115 | 0-60 1.75 14 8.04 820 839 951 833 895 10.11
116 | 0-60 114 6.97 8.61 731 7.09 9.13 1.76 112 9.63
117 | 0-60 742 129 885 7.69 1.73 971 8.08 7.82 1021
121 | 20-80 8.75 8.58 9.72 898 9.09 10.61 9.27 9.23 11.14
122 | 0-60 764 141 874 787 111 9.64 826 179 10.15
123 | 0-60 827 8.10 9.14 8.50 8.66 9.93 889 887 10.52
124 | 10-70 7.10 6.93 8.61 733 7.09 915 17 715 9.63
231 | 10-70 6.58 6.41 828 6.81 8.06 9.79 7.20 8.75 10.71

Average: 7.44 7.25 8.75 %71 7.83 9.53 8.04 8.34 10.16
SD: 0.73 0.77 0.46 0.71 0.81 0.54 0.71 0.79 0.52
Max: 8.75 8.58 9.72 8.98 9.59 | 10.61 9.27 923 | 1114
Min: 06.28 3.88 8.04 6.70 6.40 8.65 6.92 7.12 9.48

BBl =t s e e e e B L8
g | \
E oo | | I 4
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Fig.3. The mean (top) and SD (bottom) of the filter output SNR improvements
versus different input SNRs for the selected portions of the records of DB3 and
the first 60 min of all 18 records of DB1, averaged over 100 repetitions for each
of three methods; MABWT, EKF2, and EKF17.

signal, with 15 estimated Gaussians’ parameters, i.e., &;, b;,
6;, shown as time series. Note that they remain nearly constant
valued during each normal beat. When the filter encounters a
different rhythm, the Gaussian parameters change because the
rhythm has been changed. This will cause their estimations not
to remain constant anymore during that beat.

Using the parameters of the Gaussian functions of EDM, it is
possible to reconstruct the input ECG. However, more accurate
reconstruction is possible if we vary the number of Gaussian
functions, as proposed by Clifford ez al. [17], where asymmetries
in waveforms, or extra waves (such as the U-wave) can be
modeled by adding an extra Gaussian. Fig. 5 illustrates an ECG
and the reconstructed signals using five and six Gaussians. As
it can be seen, the signals are similar to the original ECG.

Particularly, when six Gaussians are used, the characteristic
waveforms are reconstructed almost perfectly, with minimal
distortion in the diagnostic information during compression.
According to the asymmetric shape of the T-wave, for assigning
the Gaussians to the PQRST waveforms, we used two Gaussians
for the T-wave, called T* and T~ [17]. This way, distortionless
reconstruction of the T-wave and especially the ST segment is
possible (see Fig. 5).

Database DB4 was used to evaluate the proposed compres-
sion algorithm and to compare it with other known compression
methods. We have also implemented the embedded zero-trees of
wavelet coefficients (EZW) method [34] based on the concept
introduced in [35], and the set partitioning in hierarchical trees

I T T I T T I =
A e O A
ol s Moo St il i Bl Bt i
N T S A
L R e e s e
B [ A T I R B

Fig. 4.
DB3 (analyzed portion 1.2 sec:3 sec).

Estimated Gaussians’ parameters with EKF17 for record 231 from

(SPIHT) algorithm [36]. These compressors were chosen for
comparison because they are often referred for comparison in
the literature, and are known as the best transform-based ECG
compressors. Generally speaking, most of the ECG compres-
sion algorithms use simple mathematical distortion measures
such as the rms error, the percentage rms difference (PRD),
the SNR, and a maximum amplitude error for evaluating the
reconstructed signal [37]. Such performance indexes are irrele-
vant from the point of view of diagnosis [38]. In other words,
all these error measures have disadvantages, which all result in
poor diagnostic relevance. For example, if the signal has base-
line fluctuations, the variance of the signal will be higher, the
PRD will be artificially lower, and the SNR will be artificially
higher. Furthermore, every segment in the PQRST complex
has a different diagnostic meaning and significance. A given
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and EKF20 (6 Gaussians) are shown with dashed line and solid line, respectively.

distortion in one segment does not necessarily have the same
relevance or importance as the same magnitude of distortion in
another segment. For example, in many patients’ ECGs, small
changes (elevations or depressions) of the ST segment are much
more diagnostically significant than the TP segment. In the pro-
posed algorithm, we do not track the baseline since we are
constructing the original ECG only through a sum of five or six
Gaussians (12). Hence, the baseline of the reconstructed signal
is expected to be flat. This can increase the error between the
input ECG and the reconstructed one for nonflat portions and
would increase the PRD value as well. To avoid such errors,
baseline wanders have been eliminated using MABWT in the
preprocessing stage.

The weighted diagnostic distortion (WDD) [38] is based on
comparing the PQRST features of the original ECG and the
reconstructed signal. The WDD measures the relative preserva-
tion of the diagnostic information in the reconstructed signal:
the location, duration, amplitudes, and shapes of the waves and
complexes that exist in every beat. It is defined as

LAﬁ x 100

wWDD(5, §) = A" (s

(14)

where 3 and /3 represent two vectors of 18 diagnostic features
of the original beat and reconstructed beat, respectively, Aj is
the normalized difference vector, and A is a diagonal matrix of
weights [38] which is set to

A=diag[25 25 1 1 2 2
15 1 3 15 15 1 1

1 05 0.1

3 3. (1)

In this research, we have used the same features and penalty
matrices as [38]. We have also considered another error mea-
sure, called the percentage area difference (PAD) between the
original and the reconstructed signal, which is defined for the
time indexes between ¢; and ¢y as [39]:

Uatydt — [} x, (t)dt’
PAD

x 100.

(16)

(tf - ti)(ajmax - xmin)

T
25 3 35 4 45

Typical results of the EKF-based compression algorithms for Record 117 from DB3 (dotted line). The reconstructed signal using EKF17 (5 Gaussians)

TABLE II
PERFORMANCE EVALUATION OF BENCHMARK COMPRESSION
ALGORITHMS ON DB4

CR:1 PAD (%) | WDD (%)
EZW 6.85£1.06 | 4.86+2.18 | 5.12+3.09
SPIHT 9.24+0.75 1.42+0.85 | 1.35£1.00
5 Gaussians (EKF17) | 13.65£2.92 [ 3.90+1.59 [ 4.53+1.06
EKF | 6 Gaussians (EKF20) | 11.37+2.48 | 1.07+0.74 | 1.73£0.71
7 Gaussians (EKF23) | 9.75+2.13 [ 0.65+0.43 | 1.54+0.55
8 Gaussians (EKF26) | 8.53+1.87 | 0.424+0.24 | 0.96+0.33

Table II shows compression evaluation results for 50 selected
records from DB4 with their complete durations. The results
are compared to those of EZW and SPIHT. The CR for the
model-based algorithm is formulated as:

L L
(3nGaussnbcat) + nRr

CR =

17
nparam
where L is the whole ECG length (in samples), nparam is the
number of parameters required for reconstruction, n,e,¢ i the
total number of beats in the ECG sequence, ng ,uss 1S the number
of Gaussian kernels used in the EDM, and np is the number of
total R-peaks locations. Since ng = nypeat the CR reduces to

L

CR = .
nbcat(l + 3nGauss)

(18)

It can be seen from Table II that our proposed method pro-
vides a higher CR, while preserving the similarity between the
original ECG and the reconstructed version most accurately. Itis
worth noting that in all cases, the WDD of EKF17 is comparable
to and usually superior to the other methods being tested. Ad-
ditionally, increasing the number of Gaussians results in lower
CRs, as expected. Accordingly, EKF20 is chosen as the desired
compression scheme because of its CR and low error measures.

Another interesting remark is that the CR of EKF-based al-
gorithm depends upon the number of beats [refer to (18)]. This
means that for ECG signals with lower average heart rates, the
CR is much higher because the resulting ECG contains fewer
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TABLE III
HEART RATE AND SAMPLING FREQUENCY EFFECTS ON THE PERFORMANE
OF EKF20 COMPRESSION ALGORITHM

123 360 10-70 49 24.49 0.88

DB3 231 360 10-70 64 18.75 3.19
122 360 10-70 87 13.79 2.65

12621 01 | 213 0-24 23 12.37 | 2.02

DB4 11442 01 | 213 0-24 30 9.48 1.23
12247 01 | 213 0-24 46 6.18 1.50

beats. This is beneficial for compression of long-term ECGs,
like Holter recordings. The CR is also a function of the sam-
pling frequency fs; obviously, the CR for those signals with
higher f; would be higher. To simulate the heart rate and the
sampling frequency effects on the CR, we have considered se-
lected records from DB3 and DB4. The results for EKF20 are
provided in Table III for EKF20. The results show the effect of
heart rate on the CR. In fact, for a constant f;, the more the
number of beats are, the lower the CR is (see either second—
fourth rows or fifth—seventh rows). Also, by comparing records
that have approximately the same sampling frequency, we came
to this conclusion that for a constant number of beats, the more
the fs is, the higher the CR is (compare the second row to the
last row in which the number of beats are nearly equal).

The actual run time of the algorithms was used to evaluate the
time complexity of the proposed method. Generally, by using m
Gaussians kernels in (4), the state vector and the process noise
vector in (7) have 3m + 2 entries, leading (), A, and F’ matrices
tobe B3m +2) x Bm + 2). C'isa (2) x (3m + 2) matrix.

In addition, R and G matrices do not depend on the number
of Gaussians. In other words, since we have two observations,
these matrices are 2 x 2. Consequently, increasing m affects
the dimensionality of the matrices and the run time. For a signal
with approximately 20 000 samples (corresponding to almost
1 min at a sampling frequency of f; = 360 Hz), a run of EKF2,
EKF17, EKF20, EKF23, and EKF26 takes about 12.2, 17.1,
21.7,26.9, and 31.5 s, respectively.

VII. DISCUSSION AND CONCLUSION

We have presented and validated a new EKF algorithm that
incorporates the parameters of the EDM, and its applications to
ECG denoising and compression. By introducing a simple AR
model for each of the 15 dynamic parameters of the Gaussians,
the new EKF structure was constructed. The proposed set of
equations aims at integrating into the ECG model a mechanism
that estimates the new hidden state variables without having
any corresponding observations, which was later used for com-
pression. The designed filter was applied to noisy ECG signals,
and the results demonstrate the filter’s capability in tracking and
filtering noisy ECG.

Compared to benchmark denoising schemes EKF2 and
MABWT, EKF17 provides a larger SNR improvement, espe-
cially fewer input SNRs, where the original signal is lost in
noise. Another point of interest is the low SD of SNR improve-
ments for EKF17, which ensures the consistency of results as
compared to other methods. Furthermore, the new modifications
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in the EKF structure results in fewer peak distortions. Hence,
the proposed method can serve as a base for the design of a
robust ECG filter, with vast applications for low SNR ECGs.

The EKF structure not only estimates the clean ECG as a
Kalman state variable, but also estimates the Gaussians param-
eters of the model. Therefore, a simple way to reconstruct the
ECG is to store/transmit only these parameters, as well as the
R-locations, for each beat. However, these estimations are not
constant valued, and therefore, we have used their mean value
over each beat (60 divided by the average heart rate). Accord-
ing to the described procedure, the ECGs were compressed and
reconstructed using different number of Gaussian Kernels. It is
worth noting that the results in this paper are for short ECGs.
For longer ECGes, it is likely that the heart rate varies signif-
icantly, and therefore, the performance of the filter will vary.
Long ECG sections will probably require an adaptive change of
the parameters with the RR period.

For evaluating the performance of the proposed EKF-based
algorithm for lossy compression and to give different weights
to different diagnostic features, we used the WDD measure as
the major distortion index. Its features depend on the PQRST
waveforms, which qualify it to be the well-correlated measure
with morphological characteristics of the ECG signal. Its only
drawback is its expensive cost in term of time for calculation.
Evaluation results showed that the proposed EKF-based algo-
rithm has a high CR, while giving low WDD values (less than
5%). This means that the reconstructed signals can be guaran-
teed to be clinically useful provided that the initial values for
the EKF structure are chosen appropriately. Another fact of the
proposed EKF scheme is that the CR depends on the number of
beats in the ECG signal. In other words, ECG signals with long
RR-intervals result in a higher CR. This is more applicable to
long-term ECG compression.

In addition, through simple modifications, the model would be
robust to PQRST variations, which incorporates several patho-
logical conditions such as small ST changes and QT prolonga-
tion. This gives the opportunity to study low amplitude com-
plexes, even with interbeat changes. By modifying the simple
model of (4) to incorporate more than five waves (P, Q, R, S,
and T), except for the use of two Gaussians for the T-wave in
EKF20, the error rate decreases (to less than 2%). But, the cost
of using more Gaussian functions is a lowering of the CRs. The
results showed that using six Gaussians (EKF20) can lead to an
acceptable CR and WDD value.

Future works include incorporating baseline fluctuations in
the EDM to reduce the distortions and cause the algorithm to
be more reliable. In addition, different dynamical models may
be proposed to represent the new state variables behavior. Also,
it is possible not to use a constant value for the AR coefficient,
but to find an adaptive value during different cycles. Moreover,
lossless compression schemes may be proposed by combining
EKF17 with a residual difference encoder [40].
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