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ABSTRACT

In this paper, we present a real-time amplitude-modulation
frequency-modulation {AM-FM) analysis system, and apply
the system to M-mode ultrasound video. The estimated
frequency-modulation (fin) process is shown to capture the
cardiac wall deformation, while the amplitude modulation
process is shown to follow changes in cardiac wall material.
Results from segmenting the septum and left-ventricle walls
are also presented. ‘

1. INTRODUCTION

In M-mede ultrasound video, a ray of points is tracked through
time, leading to an observation of cardiac wall deformations
{M in M-mode stands for motion) [1]. An example video image
is shown in Figure 1.

To recognize a suitable AM-FM series for the M-mode
ultrasound video image, we consider the row-column
coordinate system y—¢ where y is used for indexing the
rows, while the time coordinate ¢ is used for indexing the
columns. Along the y -coordinate, the ultrasound video image
is "cutting through” cardiac wall boundaries, showing a single
line of the 3-D object points. Along the time-coordinate ¢ , it is
assumed that the motion of the same 3-D wall points are

observed through time. This is illustrated in Figure 1. Clearly,
the assumption is violated if there is significant motion in the

ultrasound probe acquiring the video.

To frack the wall motion, we consider the use of a curvilinear
coordinate system that models wall-motion through a
frequency modulation process, while variation in the actual
wall material is described through an ampiitude modulation
process. We model M-mode video in terms of an AM-FM
series expansion given by [2]

S0 =2Cyaly. r)cos(nb(y. 1)), M
”

where ¢ denotes the phase function, cos{ng(y,¢)) denotes the

FM harmonics, a(.) denotes the amplitude function, and C,

represents the coefficients of the AM-FM harmonics. We also
define the instantaneous frequency as V¢ , and its magnitude

by the vector magnitude |[V$]. In what follows, we set x =

to represent images in the familiar x — ¥ coordinate system.

In Section 2, we summarize the main concepts associated with
multidimensional AM-FM demodulation, and develop some
modifications that allow robust, real-time operation. The results
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are summarized in Section 3. Concluding remarks are given in
Section 4.

2. REAL-TIME AM-FM
DEMODULATION
The basic AM-FM demodulation algorithm is summarized in
the following steps [3]:
Step 1. Compute “Analytic Image” using 2-d FFT
Step 2. Apply bandpass channel filters
Step 3. Compute AM-FM parameters over each channel
Step 4. At each pixel, reconstruct AM-FM image using the

channel that produces the maximum amplitude
estimate

Here, we define the AM-FM demodulation problem, as one of
having to estimate the amplitude a(x, y], the phase

¢(x, y) , and the instantaneous-frequency vector

Vo, y)=[op/ox, 0018y,
from the original image.

To estimate the AM-FM parameters, we apply a collection of
Gabor (bandpass) channel filters 21872, +- &5 to the image
I iy, g
h=f*g,
Gy, Gy, ..., Gy denote the frequency responses of the Gabor

obtaining output images satisfying

where  *  denotes  convolution.  Let

channel filters. We then obtain estimates for the instantaneous
frequency and the phase using [2-4]:

v, {x, y)= "ea'{%’(%%} ’

N imaginary{#, (x, y)}
¢,.(x,y)_arctan{ realli ()] } @

Using the instantaneous frequency estimate V¢ (x, y) and the

frequency response of the Gabor channel Gj , we estimate the

amplitude over each channel using

h(x. y) ‘
G, (Vo(x, )}

In the Dominant Component Analysis (DCA) algorithm, from
the estimates for each channel filter, we select the estimates

a;(x, y) = 3)




from the channel with the maximum amplitude estimate:
Cmax (x,y):argmax a,(x,y). Hence, the algorithm
!

adaptively selects the channel filter with the maximum
response. This approach does not assume spatial continuity,
and allows the model to quickly adapt to singularities in the
jmage. The performance of the AM-FM demodufation
algorithm in one and two-dimensions has been studied in [2-4].
A discrete-space algorithm is also described in [2,3].

Next, we present a number of modifications to the basic
algorithm that allow us to achieve real-time performance. In
addition, we discuss how to achieve robustness.

2.1 Real-time implementation

To achieve real-time AM-FM demodulation, we modify the
original algorithm using:

¢ asmall number of channel filters
Only two bandpass filters are used for implementing AM-
FM demodulation.
+ ascparable filter design
A separable implementation along the horizontal and
vertical directions is possible due to strong modulation in
the vertical direction. As shown in {2, 7], it is always
possible to consider the phase function to be separable
along the directions of the ecigenvectors of the
instantaneous frequency gradient tensor (IFGT). In this
case, the eigenvector in the direction of the largest
eigenvalue is in the vertical direction, while the direction
of minimal modulation is along the horizental direction
{71, Similarly. the amplitude function is clearly changing
most rapidly in the vertical direciion. This allows us to
consider separable channel filters along the horizontal and
vertical directions.
+ adaptive bandpass filter design
The filters were implemented using a piecewise-linear
approximation in the frequency domain. This guarantces
the convergence of filters to the ideal response as the
number of filter coefficients goes to infinity [8]
Furthermore, closed-form expressions for the filter
coefficients aliow us to re-design the filter specifications,
and re-compute the filter coefficients online [9]. The
amplitude responses of the 11-point coefficient filters that
were used are shown in Figure 2.
o fast, single instruction
implementations
Fast implementations are possible using the SIMD
extensions of the Pentium 1I1/4 architecture. Fast one-
dimensional and two-dimensional FFTs have been
developed by the first author [6. 9). allowing speedups in
the order of 2-5 times over the fastest, non-SIMD
implementations.
¢+ very low effective frame rate in M-mode ultrasound
M-mode ultrasound video tracks a line of pixels through
time. The cffective frame rate is in the order of about a
frame per second. This rate is substantially less than the
30-60 frames per second required for B-mode ultrasound
video.

multiple data (SIMD)
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2.2 Robust AM-FM demodulation

A unique challenge associated with the real-time
implementation is to provide robust demodulation. Essentially,
this problem arises due to the small number of bandpass filters
that are used for demodulation. We address the problem in two
steps. First, we develop a method for identifying points where
the demodulation algorithm may fail. Then, we replace the
estimates at these points by smoothed estimates.

To assess the AM-FM demodulation performance at a
particular point, we use the instantancous frequency vector
estimate. If the instantaneous frequency vector is outside the
main lobes of the magnitude responses of the channel filters,
the estimates are assumed to be unreliable (see Figure 2).
Naturally, we also require that the instantaneous frequency
vectors are not "close” to the first zeros of the magnitude
responses. This approach was first proposed in [3].

At pixels where the demodulation estimates are assumed
unreliable, we use smoothed estimates. At these pixels, a 5-
point, separable, Gaussian window (with ¢ =2 is used for
smoothing.

3. RESULTS

Two channel filters were implemented. The first filter was
defined to be the tensor product of the right filter with itself
(whose magnitude response is) shown in Figure 2, and allowed
us to filter both the rows and the columns in the same way. The
second filter was defined to be the tensor product of the two
filters,

For the video image of Figure 1, the amplitude a(x,y),
fundamental FM harmonic cos¢{x, ). and fundamental AM-
FM harmonic alx, y)cos(x, v} estimates are shown in Figure
3. The regions where the demodulation estimates are not found
to be reliable are also shown in Figure 3. The AM-FM
reconstruction over both filters {with smoothing) is shown in
Figure 4(b). Furthermore, as an approximation to the wall
boundaries, we consider the FM series (using first filter
estimates only, see Figure 4(c))

n=20
glx.y)= ZICOS[mb )

H=
Results from AM-FM segmentation are shown in Figures 4(d)
and 4(e). In both cases, we first removed all low-instantaneous
frequency magnitude pixels by requiring that ”Vd;(x, ym >{.1.
Then, we removed al! low amplitude pixels by requiring that
a(x, y) > 100 for Figure 4{d), and a(x, y)> 38 for Figure 4(e).
Then, both images were filtered using an Alternating
Sequential Filter (ASF) at a scale of 3, using a '+" as a structural
element {see [10]). The segmentation process helped us
identify the septum and left-ventricle walls.

4. CONCLUSION

The initial segmentation results show great promise, but the
results will have to be validated over a larger database of M-
mode images. Perhaps the most promising result was the ability



of the FM series to track the wall boundaries as shown in
Figure 4(c). Ongoing research at the image and video
Processing and Communications Lab (ivPCL) is focused on
integrating the AM-FM methods to B-mode ultrasound, and
then use the results in a 3-1 cardiac reconstruction system.
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Figure 1. An M-mode ultrasound video image.

1

Figure 2. Magnitude response of the two 11-coefficient digital
filters. It is important to note that the zeros of ¢ach filter
approximately correspond to near-maxima of the other.
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Figure 3.. AM-FM estimates over both channel filters. The amplitude estimates &(x, y) are shown in 3(a) and 3(d). The FM estimates

cosd;(x,y)' are shown in 3(b) and 3(¢). The AM-FM estimates é(x,y)cosqf;(x, y) are shown in 3(e) and 3(f). In 3(e) and 3(f), we note that
image regions where demodulation estimates are "unreliable" are shown in black, often appearing as vertical lines through the image.
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(d) Left Ventricle wall segmentation (e) Septum wall segmentation
Figure 4. AM-FM analysis results. The original image is shown in 4(a). In 4(b), the AM-FM reconstruction over both channel filters
(with smoothing) is shown. In 4(c), the FM series sum is shown. In 4(d) and 4{e), we show results of AM-FM segmentation. In 4(c}, low-
amplitude pixels a(x, y)s 100 are set to zero, and the resulting image is binarized by thresholding in the intersection of the resulting
bimodal distribution {not shown).
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