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Multichannel ECG Data Compression by Multirate Signal
Processing and Transform Domain Coding Techniques

A. Enis Cetin, Hayrettin Kéymen, and M. Cengiz Aydin

Abstract—In this paper, a multilead ECG data compression method
is presented. First, a linear transform is applied to the standard ECG
lead signals which are highly correlated with each other. In this way a
set of uncorrelated transform domain signals is obtained. Then, resulting
transform domain signals are compressed using various coding meth-
ods, including multirate signal processing and transform domain coding
techniques.

I. INTRODUCTION

Computerized electrocardigram (ECG) processing systems have
been widely used in clinical practice [1]). They are capable of
processing long records of ECG’s. The amount of data generated
by these devices becomes excessive very quickly. Data compression
techniques which have been successfully utilized in speech and video
signals [2] can be utilized in many practical applications including:
i) computerized ECG data bases, ii) ambulatory recording systems
such as digital Holter recorders, and iii) ECG codecs which transmit
ECG signals over digital telecommunication networks.

An extensive review of ECG data compression techniques was
given in [3). The aim of any ECG data compression scheme is to
achieve maximum data volume reduction without loosing clinically
significant information [3], [4]. This paper presents a new multilead
ECG data compression technique. In this technique samples of the
standard ECG lead signals are first linearly transformed. Then,
resulting transform domain signals are compressed using various
coding methods, including multirate signal processing and transform
coding methods.

II. MULTICHANNEL COMPRESSION PROCEDURE

In this section, the multichannel compression method whose block
diagram is shown in Fig. 1 is described.

Twelve ECG signals are first passed through a preprocessor.
The function of the preprocessor is to prepare raw ECG data for
further processing. After preprocessing the input signals, the resulbing
discrete-time sequences are linearly wansformed into another set of
sequences. The aim of this linear transformation is to decorrelate the
highly correlated ECG lead signals. The transformation matrix, A, can
he the matrix of the optimum transform, Karhunen-Log¢ve transform
(KLT), or the matrix of a suboptimum transform such as the discrete
cosine transform (DCT). Lastly, to compress the transform domain
signals various coding schemes which exploit their special nature are
utilized.

In the following subsections, detailed descriptions of the sub-blocks
of the multichannel ECG compression method are given.

A. The Preprocessor

In this paper, the standard twelve-channel ECG lead system is
considered. This ECG recording configuration consists of twelve ECG
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leads, I, I, HI, AVR, AVL, AVF, V1, V2, ..., and V6. The leads,
III, AVR, AVL, and AVF, are linearly related to I and II. Therefore
only eight channels are enough to represent standard twelve channel
ECG recording system.

The preprocessor discards the redundant channels, III, AVR, AVL
and AVF, and rearranges the order of the ECG channels in order
to bring correlated channels close to each other. The six precordial
(chest) leads, V1, ---, V6, represent variations of the electrical heart
vector amplitude with respect to time from six different narrow
angles. During a cardiac cycle it is natural to expect high correlation
among precordial leads so the channels V1, - - -, V6 are selected as the
first 6 signals, i.e.,, x;_y = Vi, = 1,2,---,6. The two horizontal
lead waveforms (I and II) which have relatively less energy contents
with respect to precordial ECG lead waveforms are chosen as seventh,
zg =1, and eighth channels, z7 = II. A typical set of standard ECG
lead waveforms, z;,¢ = 0,1,---,7, are shown in Fig. 3.

The aim of the reordering the ECG channels is to increase the
efficiency of the linear transformation operation which is described
in the next

B. The Linear Transformer

The outputs of the preprocessor block, x;,i = 0,1,---,7, are fed
to the linear transformer. In this paper, both the optimum transform,
Karhunen-Logve, and a suboptimum transform, DCT are used.

In this block, the ECG channels are linearly transformed to another
domain, and 8 new transform domain signals y;,¢ = 0,1,---,7,
which are significantly less correlated (ideally uncorrelated) than the
ECG signal set, z;,¢ = 0,1,---,7, are obtained.

Let x4 (m),k=0,1,---, N —1 (N is equal to eight in our case),
be the reordered ECG signal samples at discrete time instant m, the
transform domain samples at time instant m are given as follows:

Yn=4-Xn (1)

fl

where Ym = [yo(m),- - yn-1(m)])T, Xm [zo(m),---,
zn_1(m)]", and A is the N x N transform matrix.

The optimum linear transform, discrete Karhunen—Log¢ve sransform
(KLT), can be properly defined for stationary random processes and
the entries of the transform matrix, Akyt depend on the statistics
of the random processes. For slowly varying unstationary signals an
approximate KLT matrix can also be defined. Although ECG signals
cannot be considered to be wide sense stationary random processes, a
covariance matrix, C;, of the ECG channels is estimated as follows:

e xo(d)
Cx = i S [zo(i) - 2n—1(i)] )
=0 IEN—l(i)

where N is the number of the ECG channels and M is the number of
ECG samples per channel used. The N x N ECG channel covariance
matrix, C, is used in the construction of an approximate KLT matrix.
Rows of the approximate KLT matrix are the eigenvectors of C..
The 8 x 8 KLT matrix shown in (3) at the bottom of the next page
is obtained by using 1024 ECG samples per channel.

There is no fast algorithm to compute the KL transform. In this
case, the computational burden is not high because NV is only equal
to 8.

The discrete cosine transform (DCT) is also used as a linear
transformer. The DCT matrix approximates KLT matrix in the case of
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Fig. 1. Block diagram of the multichannel ECG data compression scheme.

Fig. 2. Subband (SB) coding structure which is utilized to compress the high energy signals, ;,i = 0,1,--
1 Downsampler by a factor of 2,

Cosine Transform, IDCT: Inverse DCT, 2 :
Nonuniform Quantizer)

high correlation [2], [7] among input signals. The DCT of a sequence
v(n)yn = 0,1,---, N — 1, is defined as

G(k):,/“”‘Zu(n)cOs(2"+1)"” k=0,1,2-,N-1
l

@
where G(k) is the kth DCT coefficient, and oy, = 1 for k = 0 and
ar = 2 for other k values.

There exist fast algorithms, order (N log N), to compute the DCT
[7]. Therefore it is computationally more efficient to implement the
DCT than the KLT which requires order (N?) multiplications.

C. Compression of the Transform Domain Signals

In this section the compression of the uncorrelated transform
domain signals y,,k = 0,1,.--,7 is described. In Fig. 4 a typical
set of uncorrelated signals, yx,k = 0,1,---,7, are shown. The
signals in Fig. 4 are obtained by KL transforming the ECG signals,
zg,k = 0,1,---,7, shown in Fig. 3.

-, 4. (DCT: Discrete
: 2 Upsampler by a factor of 2, NUQ:

Transform domain signals, yx,k = 0,1,---,7, are divided into
two classes according to their energy contents. The first class of
signals, yo,y1,+*+,y4, have higher energy than the second class
of signals, ys,ys, and y;. High energy signals, yo, 41, , ya, are
faithfully compressed by using a subband (SB) coder [5]. Low energy
signals, 5, ys, and y7, have not only significantly less energy than the
high energy signals but carry little information, as well. Low energy
signals ys,ys, and y;, are compressed by the multirate transform
coder (MTC) structure. The description of the compression methods
are given in the following subsections.

1) Subband (SB) Coder: High energy signals, yo(n),y1(n), -,
ya(n), contain more information than the low energy signals
ys(n),ys(n) and ys(n). Therefore the high energy signals,
yo(n),---,ya(n) should be compressed very accurately. In [5)], a
SB coder for ECG signals is developed. In this SB coding scheme
reconstructed ECG signals are visually almost indistinguishable from
the original signals. Hence, in this paper, the use of this SB coder is
decided to compress the signals, yo(n),: -+, y4(n).

The block diagram of the SB coder is shown in Fig. 2. The input
signal is decomposed into four subsignals by using a quadrature
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Fig. 3. A typical set of standard ECG lead waveforms, »;,i = 0,1,---,7.

mirror filter (QMF) bank in a tree structured manner. In the first
stage of the tree the input signal, y:(i = 0,1,---.4), is filtered
by a lowpass filter H; and a highpass filter Hx. Outputs of these
filters are downsampled by a factor of two. In this way the signal,
i, is decomposed into two subsignals, y; 0 and y; 1. In the second
stage of the tree, the subsignals, y; 0 and y; 1, are decomposed once
again and four subsignals, y; ;x,j = 0,1; k£ = 0,1, whose sampling
rates are four times lower than the sampling rate of the signal y; are
obtained. The SB decomposition structure of Fig. 2 splits the signal
y: into four consecutive bands, [Ir/4,(I + 1)x/4],1 = 0,1,2,3,
in the frequency domain [2]. For example, y; 0,0 (the subsignal at
branch A of Figure 2) comes from the low-pass frequency band,
[0 /4], of the signal y;. In the coding of the subband signals,
¥ij,k,J = 0,1,k =0, 1, one takes the advantage of the nonuniform
distribution of energy in the frequency domain to judiciously allocate
the bits. The number of bits used to encode each frequency band can
be different, so that the encoding accuracy is always maintained at the
required frequency bands [2]. In the absence of quantization errors,
a QMF bank based signal decomposition structure together with
the corresponding signal reconstruction fiiter bank provides perfect
reconstruction, Le., ¥rec (1) = Yorg(n~K), K > 0, where yorz(n) is
the input and y,ec(n) is the output of the QMF bank. This is because
of the fact [2] that the low pass, H;(w), and the high pass filter,
Hjp(w) satisfy the following condition:

[Hi(w)|? + [ Hr(w)* = 1. )

In other words filtering and downsampling operations in the SB
decomposition structure shown in Fig. 2 do not introduce any loss.
It is observed that the energy of the signal y; is mainly concentrated

Yy Y,

Fig. 4. Uncorrelated signals, y;,i = 0,1,-- -, 7, corresponding to the ECG
signals shown in Fig. 3.

in the lowest frequency band [0, 7 /4]. Because of this, the lowband
subsignal y; 0,0 has to be carefully coded. High correlation among
neighboring samples of y; 0,0 makes this signal a good candidate for
efficient predictive or transform coding. Transform coding was also
used in [8] to compress ECG signals. In this paper, the use of a DCT
based scheme is also chosen to compress y; 0,0. After the application
of DCT with a block size of 64 samples to the lowband subsignal,
¥i,0,0, the transform domain coefficients, Gi 0,0(k), & = 0,1,-++,63
are obtained.

DCT coefficients, Gi 0,0(k), are thresholded and quantized. The
coefficients whose magnitudes are above a preselected threshold, 3,
are retained and the other coefficients are discarded. Thresholding
squeezes the dynamic range of the amplitude values. This operation
is followed by the quantization of the thresholded DCT coefficients.
Thresholded and quantized nonzero coefficients are variable length
coded by using an amplitude table and the zero values are runiength
coded. The amplitude and runlength lookup tables are Huffman
coding tables which are obtained according to the histograms of the
DCT coefficients.

In practice ECG recording levels do not change from one recording
to another one. If drastic variations occur, one can first scale the input
by a factor «, then apply DCT.

Bandpass and highpass subsignals, ¥:o0,1,%i,1,0 and %11
(branches B, C, and D), are coded using non-uniform quantizers.
After quantization, a code assignment procedure is realized using
variable length amplitude and runlength lookup tables for zero values.
The lookup tables are obtained according to the histograms of
quantized subband signals. The above look-up tables and quantizers
can be found in [6].

The bit streams which are obtained from coding of four subband
signals are multiplexed and stored. Appropriate decoders are assigned
to each branch to convert the bit streams into time domain samples
and the four branch synthesis QMF bank performs the reconstruction
[51.

2) Multirate Transform Coder (MTC) Structure: This subsection
describes the coding of low energy signals, ys, ye and y» which are
compressed by the multirate transform coder (MTC) unit.

Low energy signals, ys(n),ys(r) and y7(n), can be coded by
using the SB coder described in Section II-C.1, too. However, it
is observed that all the subsignals except the subsignal at branch
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Fig. 5. Multirate Transform Coder (MTC) structure which is utilized to compress and decompress the low energy signals, y;,i = 5,6, 7.

TABLE I
CR AND APRD VALUES FOR THE MULTICHANNEL ECG SIGNALS SHOWN IN FIG.
3. For EacH APRD VALUE GIVEN IN COLUMN 4, CORRESPONDING CODING
RESULT FOR THE SINGLE-CHANNEL SBC (MULTICHANNEL BY USING DCT)
{MuLTICHANNEL BY UsiNG KLT} METHOD Is GIVEN IN CoLumN 1 (2) {3}.

CR of 5BC | CR (DCT) | CR (KLT) | APRD(%)
4.02 4.97 6.19 3.70
4.07 5.18 6.43 3.84
4.19 5.22 6.62 4.04
4.22 5.23 6.82 4.27
4.31 5.54 7.09 4.57
4.50 6.00 7.71 5.60
4.57 6.08 7.87 5.93
4.65 6.17 7.98 6.19

A of Fig. 2 contain very little information when QMF subband
decomposition is applied to the signals ys(n), ye(r), and y7(n). Due
to this fact, only the subsignals at branch A (low-band signals) are
processed. The other branches are discarded. Although the three high-
frequency branches of the SB coder are discarded it is experimentally
observed that the reconstruction error for the signals, ys(n), ys(n),
and y7(n) is very close to the SB coding results.

Branch A consists of a low-pass filter with a cutoff w = #/2
and a downsampling by a factor of two block. In multirate signal
processing this branch is called the decimator by a factor of two
[9]. The downsampler by a factor of two performs a sampling rate
reduction by dropping every other sample of its input sequence,
ie., z2(n) = w(2n) where w(n) and z(n) is the input and output
sequences of the downsampler, respectively. When a digital signal is
downsampled, aliasing may occur. In order to avoid aliasing, the input
is low-pass filtered before the downsampling operation. The seventh-
order Lagrange filter is used as the antialiasing filter. The Lagrange
half-band filter is the lowpass filter of the SB decomposition structure
of [10].

The block diagram of the MTC unit is shown in Fig. 5. In the MTC
structure two successive blocks of decimators by a factor of two are
used. In this way the sampling rate is reduced by a factor of four. After
the decimation by a factor of four the signal, y;(n), (i = 5,6,7), is
compressed by the coder block. This coder is the same as the coder
utilized in the branch A of the SB coder.

Reconstruction of the transform domain signals begin with de-
coding the compressed bit stream. A tree-search is needed to convert
variable length coded samples to DCT amplitude values. Inverse DCT
is applied to transform these amplitude values to the time domain.
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Fig. 6. The original and reconstructed ECG lead signals, I, II, V1, and V2
(CR(DCT) = 6.17, APRD = 6.19%).

Decoded time domain signals have a sampling rate which is four
times lower than the original sampling rate. Therefore, the decoded
signal has to be interpolated by a factor of four.

The digital interpolation is the dual operation of the digital
decimation [9). An interpolator by a factor of two consists of an
upsampler which inserts a zero between adjacent samples of its input
sequence, and a lowpass filter with a cutoff w = 7 /2. To achieve
interpolation by a factor of four, we used two successive interpolation
by a factor of two blocks as shown in Fig. 5.

OI. SIMULATION EXAMPLES

In this section, the new multichannel ECG compression scheme
is compared to the single channel compression scheme of [5]. It
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is very difficult to compare various ECG compression schemes as
pointed out in [3] because reported coding results of various ECG
data compression schemes are obtained under different recording
conditions such as sampling frequency, bandwidth, precision of the
sample, and noise level which may drastically effect the currently
used performance measures.

Recorded ECG signals are sampled at 500 Hz with 12 bit/sample
résolution and the line interference is removed by means of an alge-
braic subtraction technique [11] employing an interference reference
channel data. The compression ratio (CR) is defined as follows:

N b

L.
CR_—-—-K— ©)

where N is the number of channels, L is the number of samples per
channel, b is the resolution of the samples in bits, and K is the total
number of bits at the outputs of the coders. Average percent root mean
square difference (APRD) [3] is utilized to evaluate the reconstructed
signals. The percent root mean square difference (PRD) is defined as
follows:

N-1
Z[Iers(n) - IreC("’)]z

— n=0

PRD = _—
D28y (n)
n=0

x 100 @)

APRD is the average of the PRD values of the eight ECG channels.

In Table I the simulation results are summarized. In the first column
of Table I CR values obtained by the SB coder of [5] is given.
If DCT (KLT) is used as the linear transformer then the coding
results given in second (third) column of the Table I are obtained
for given APRD values. Best results are obtained in the third column
(KL transform case). Clearly, the new multichannel coding method
outperforms the single channel SB coder described in [5]. Original
and reconstructed ECG waveforms are shown in Fig. 6 for CR(DCT)
= 6.17 with APRD = 6.19%. The full bandwidth of the ECG signals
is considered in the simulation examples summarized in Table I but
the line interference had been removed. Presence of line interference
would have an adverse effect on compression ratio.

The effect of compressing the data on diagnostic computer analysis
results is tested on Cardionics program which is derived from the
Mount Sinai program developed by Pordy et al. in conjunction with
CRO-MED Bionics Company [12]. Morphological measurements
include intervals, PR, QRS, QT, “width’s, Q, R, S, R’, §’, T, P,
amplitudes, P, Q, R, R’, S, §°, T, JJ, and areas of QRS, and QRST.
There was no difference in the measurement results of both the
compressed and the original data.

Another case is also considered where the raw ECG signals are
filtered to attenuate the high frequency noise with a 33-tap equiripple
Parks-McClellan FIR filter whose cut-off frequency is equal to 125
Hz. The multichannel ECG compression method is applied to the
filtered ECG data. Large increases in the CR values are observed and
the coding results are given in Table 1L

Recently, Hamilton ez al. [13] proposed a predictive ECG data
compression scheme which subtracts an average beat signal from
the original ECG signal before a DPCM type coding. Average beat
subtraction can be also utilized in our technique. KL transform
of beat subtracted ECG channels may increase the CR value for
a fixed APRD value because beat subtracted ECG signals can
be considered to be more “stationary” than the raw ECG sig-
nals.

: TABLE I
CR AND APRD VALUES FOR THE Low-PAss FILTERED (CUTOFF
FREQUENCY = 125 Hz) MuLTICHANNEL ECG SIGNALS

CR of SBC | CE (DCT) | CR (KLT) | APRD(%)
4.62 5.67 7.21 3.50
4.66 5.76 7.61 3.1
4.74 6.01 7.87 4.08
4.77 6.07 8.06 4.26
4.90 6.11 8.55 4.70
5.02 6.29 9.03 5.37
5.15 6.46 9.33 5.78
5.22 6.48 9.41 5.94

IV. CONCLUSION

In this paper, a new multichannel ECG data compression scheme
is presented. Simulation examples show that high compression ratios
with low APRD values can be achieved. This is because of the fact
that, the new technique exploits the inherent correlation among the
ECG leads. Recorded ECG signals are decorrelated by using a linear
transform which is either an approximate KL transform or the DCT.
The resultant set of uncorrelated signals are coded by using various
single channel ECG coding schemes. It is experimentally observed
that the multichannel technique produces better results than single
channel schemes.

Computational complexity of the multichannel scheme is com-
parable to single channel ECG coding schemes. The multichannel
algorithm can also be implemented by using a digital signal processor
for real-time applications, such as transmission of ECG signals over
telephone lines.
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