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Abstract— Doppler echocardiography is a method for detecting
the direction and velocity of moving blood vessesithin the heart.
It uses Doppler’s shift principle that there is chge in frequency
of ultrasonic waves relative to the motion of mogimlood cells.
The change in frequency is proportional to the veity of blood
cells. Most of the Doppler ultrasound systems enyptadrature
demodulation technique at the detection stage. Thiormation
concerning flow direction encoded in the phase réetship
between in-phase and quadrature phase channels isafwious at
this stage. A method based on the complex fast Fauri@nsform
(CFFT) and complex wavelet transform (CWT) has been
described. It eliminates the intermediate procespistages by
mapping directional information in frequency and ate domain
respectively. These methods are implemented in teak using
commercially available digital signal processors
TMS320C6713DSK along with Code Composer Studio 3.4 an
also used MATLAB 7.4.0(R2007a) software. This systeams been
designed as open research platform, which can begoamnmable
with variety of novel algorithms for studying impred and
resolved spectrograms to obtain accurate diagnodttails in the
future.

Index Terms Directional Doppler, Doppler Echocardiography,
CFFT, CWT, TMS320C6713DSK

I. INTRODUCTION

Doppler echocardiography is a method for detgcthe
direction and velocity of moving blood within thedrt. This
is used for detection of cardiac valvular insuffiecy and
stenosis as well as a large number of other abridtoves.
Doppler methods extend the use of cardiac ultrasonto
the evolution of normal and abnormal flow stated provide
guantitative data that are essential in the clindecision
making process concerning patients with heart des¢4.

Most of the Doppler ultrasound systems emplo
guadrature demodulation techniques at the detectiage.
The incoming RF signal from an ultrasonic transduse

multiplied by a 98 phase- shifted version of transmitted

signal as well as the transmitted signal. After lpass
filtering the HF components, in phase and quadeapirase

components of the audio Doppler echo signal (DE®) ai

obtained. The information concerning flow directias
encoded in the phase relationship between in-plaask
guadrature phase components [9].

The phase relationship is obtained from the spgcam of

been made by many biomedical researchers to impleme
many complex signal processing techniques in otder
achieve efficient processing time and highly resdlv
spectrogram in real time.

This work describes a Doppler ultrasound system fo
measuring blood velocity and direction of bloodwlloThe
proposed design is implemented and tested using
TMS320C6713 DSK and MATLAB 7.4.0 (R2007a). The
proposed design employed Complex Fast Fourier Toems
(CFFT) as well as Complex Wavelet Transform algonis to
separate and calculate the forward/ reverse flahvzaoppler
spectrogram from the quadrature demodulated egmalsi

II. DOPPLER ECHOCARDIOGRAPHY

Doppler echocardiography is a non-invasive methmd f
detection and evaluation of the blood flow.

A. Principle of Doppler Echocardiography

These systems use Doppler's Shift principle hendke
name Doppler Echocardiography. The Doppler's shift
principle states that there is change in frequesicyave
relative to the motion of source and receiver.

In Doppler echocardiography, ultrasonic transducer
transmits ultrasonic wave incident into the bodye Thcident
waves are scattered by moving blood cells. Theattiesed
waves are received by transducers. There is shifthe
frequency of received waves which is proportional t
velocity of blood cells. The spectrogram obtainexhf DES
gives distribution of blood velocity in the artefjig. 1 shows
the Doppler Echocardiography principle.
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Fig. 1 Doppler Echocardiography Principle [3]

Ill.  SPECTROGRAM CALCULATION ALGORITHMS

DES. Any noise may degrade the readability of the o  complex Fast Fourier Transform (CFFT) Algorithm

spectrogram and the precision of the clinical irdjcso the
spectral augmentation plays an important role.rAgtes have
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The CFFT is a straight forward method for detectidn
directional information as no other extra signalgassing is
required to produce frequency domain informatiome T
complex timing signal is given as input to CFFTaalthm.
In-phase component of DES is taken as real parthef
complex time signal and quadrature phase compoisent
taken as imaginary part of it. The properties af @FFT
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states that if the complex input time signal igjiradrature
i.e. the phase difference between the real andimaagparts
is 9¢, the output is directional and output spectrurdusl

sided. Fig. 2 shows block diagram of the CFFT atgor.

In-phase
Component
’ Complex » Directional
FFT output
In-phase
Component

Fig. 2 Block diagram of CFFT algorithm

The complex Fourier transform has some useful gntegs
which allow the detection of the direction of blditalv when
it is applied to quadrature signals. Consider aglemtime
signal; if its real part is even and its imaginagart is odd,
then the CFFT is real. If its real part is odd &sdmaginary
part is even, then the CFFT is imaginary. The nethb
extraction of directional output using CFFT is eipéd
below [7].

Consider a discrete Doppler quadrature sigal given
by eq. 1, containing information of forward chanreld
reverse channel signals.

5(n) = 1(n) + jQ(n) (1)
I(n) and Q(n) are given by eq.2 and eq. 3.

Itn) = 5f(n) + H[Sr(n)] 2
Q(n) = HISFn)] + Sr(n) 3)

Where,H[ ] stands for Hilbert Transform of

Therefore,

Sn) = 5fn) + HISr-(n) ]+ j{5r(m) + HISFnI1}

Sn) = {(5fn) + jHISF) 1+ jiSr(n) — jHISr(n1]} (4)

By taking the Fourier transform of eq. 4,

N _ [ 25f(w)
o) = L' 2 Sr(w)

0=w=mw
—mT=w =0

(5)

It is clear that the positive frequencies £fiw) contain only
the spectrum of the forward channel sigffiln), and its
negative frequencies contain only thé 8bifted spectrum of
the reverse channel signdt(n). The directional time
domain outputs can then be obtained by taking se/&FTs.

B. Complex Wavelet Transform (CWT)

The Wavelet transform (WT) is performed by prajegta
signal st} onto a family of zero-mean functions deduce
from an elementary function (wavelgt)t) by translations
and dilations. It is given by eq. 6.

Ws(a,b) == [77 sy D) dt (6)

The WT for processing quadrature Doppler signafsime
implemented in such a way that only the coeffigent
resulting from the forward flow components are oixd
when the scale is positive, and only the coeffitggasulting
from the reverse flow components are obtained wihen
scale is negative. This is attained by the sinéreos
formulation. This is naturally exists in some commo
wavelets such as the Morlet Wavelet, which is aletdiby
taking a complex sine wave and localizing it witBaussian
envelope [9]. The waveform of Morlet wavelet is ®imoin
fig. 3.

Complex Morlet wavelet cmor 1.5-1
0.5 T T

0.5 | |

0.5 T T

Imaginary part

Fig. 3 Waveform of Morlet Wavelet

Ignoring the translation parameter b, the scaleedédent

Morlet wavelet is given by eq. 7.
t 1 wor, _t%
Yl-)=n72e' T2 o722 7)
a

Where w0 is the non-dimensional frequency and lsual
assumed to be 5 to 6 to satisfy the admissibilitgdition.
The FT of eq. 7 is given by eq. 8.

; _':|'.—1.'I:I':
VZatlale = Hw), ifa=0

plw) = (8)

; _':| el
VZattal e 2 H(—w), ifa<0

Where H stands for the Heaviside step function

It is clearly observed that a frequency spectrurarofipper
analytic signak(t) is obtained for a > 0 and a frequency
spectrum of a lower analytic signal is obtaineddot 0.

The WT of a signal with the Morlet wavelet is giMay

i T
s, b) == [ s(p)ee 50 gm0l 2t 9)

If the number of scales is J, a complete set cdctional
wavelet coefficients can be mapped over the séadesa= -J
to a=J, excluding a=0. Thus, using Complex Morlavelet

The variables andb control the scale and position of thefor the analysis of Doppler signal can extractdivectional

wavelet, respectively. The WT is a linear transfation and
covariant under translations and dilations. It ¥saa two
dimensional representation of a one dimensionaladjgvith
the horizontal axis as time and vertical axis adesc he third
dimension is the amplitude of the WT coefficientsieh is
represented by different intensity level. This a#oexact
localization of any abrupt change, or an exact tiamel
duration of a short signal.
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information [4].

IV. SPECTROGRAM USING CFFT AND DSK

The spectrogram is a plot of distribution of dpac
content of signal the time. This is two dimensiopkdt in
which horizontal axis represents time and vertiaals
represents frequency. While the FFT coefficients sirown
by different color intensity levels. In this systeRFT
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coefficients are calculated using
TMS320C6713 DSK and Code Composer Studio (CCS
While the calculated FFT coefficients are plottesing
MATLAB software. Data exchanged between MATLAB anc
DSK is done with RTDX (Real Time Data Exchange
Channels. The block diagram of system is showigirdf

[nput channel 1 Tnput Channel 2
o TMS320C6713 DSK
—
MATLAB y Code
740 — Composer
(R20072) [ d Studio 3.1
RTDX Channels
Output Channel

Fig. 4 Block Diagram of Proposed System

The audio DES is obtained from Doppler echo mazisn
read into the MATLAB. Fig. 5 shows the waveformiS.
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Fig. 5 Waveform of Doppler Echo Signal

The in phase component of the input signal is geBISK
through RTDX input channel 1 while the quadraturage
component is sent to DSK through RTDX input charthel
Spectrogram is obtained by windowed Fourier tramsfo
That means only small part of input signal is taketo
consideration at a time whose FFT is calculated.tifes
sampling frequency of input signal is 44.1 kHz &mel DES
is assumed to be stationary for 5-10ms, we arent@&®
samples of input signal at a time. Further caloofedf CFFT
algorithm is done in CCS.

The RTDX channels are configured in both MATLABJan
CCS software. The configuration of RTDX channetiime
by adding DSP/BIOS configuration (.cdb) file to theject
in CCS. Fig. 6 shows DSP/BIOS configuration file.
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+34 Configuration Tool - [C:\Users\harsha\Desktoptharsha\HarshalCopy of cft trail\cit trail cdb] =Nl X
File Edit View Object Help
0| AL
Estimated Data Size: 5753 Est Min. Stack Size (MAUsE 528 | RTDX - RealTime Data Exchanae Setfings properties
EL@ System Property Value
{E Instrumentation Enahle Real-Time Data Exchange (RTDX) True
E;E Scheduling RTDX Mode ITAG
.’ﬂ# Synchronization RTDX Data Segment (rtdh_data) IRAM
b it e S
Y. o, nterrupt Masl
4[] ;

B HST - Host Channel Manager
&, PIP - Buffered Pipe Manager
..:;:_’: SI0 - Stream Input and Output Manager
i General Input/Qutput Manager

-6 Device Drivers
{ﬂ@ C5L - Chip Support Library (CSL CDB Removal Warr

4 n

Estimated Data Size: 575 Est, Min, Stack Size (MAUs): 52

4 il ] 1)

For Help, press F1

Fig. 6 DSP/BIOS configuration file to configure RTIX
channels

The 256 samples obtained from input channel tadaen
as real part of complex input signal while the sk®p
obtained from input channel 2 are taken as imaygipart of
it. These samples are multiplied with the Hannirigdow
coefficients to avoid spectral leakage. Then FFT
calculated. The Calculated FFT coefficients aresiresd in
MATLAB through RTDX output channel. The process of
sending input channel coefficients and receivingT FF
coefficients is done throughout the input Doppledia
signal. Lastly the spectrogram is plotted in MATLAHgQ. 7
shows the spectrogram obtained. To avoid speeafibige at
side lobes overlapping samples are taken. Fig. 83&9
shows the spectrogram with overlapping sample%i &
90% respectively.
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Fig. 7 Spectrogram obtained using CFFT with no

overlapping
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Fig. 8 Spectrogram obtained using CFFT with 50%
overlapping
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Fig. 9 Spectrogram obtained using CFFT with 90%
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VI. RESULT

These methods for separation of forward and reviosy
signals in an ultrasonic Doppler system have been
implemented by CCS and MATLAB software. The
processing platform was a powerful 32-bit floatipgint
digital signal processor capable of processing Depp
signals at several hundreds of kHz in real time.

The processing time required for CFFT simulation i
MATLAB is listed in table 1. The time period reged for
overlapping samples is more as the number of itersitare
more. The overlapping sequence is used to reduee th
spectral leakage at side lobes.

Table 1 Processing time required for CFFT algorithm

overlapping

V. SCALOGRAM USING CWT

The audio DES obtained from Doppler Echo Machine
consists of in phase component as well as quadratuase
component. The complex input signal is obtainethking in

Overlapping Ratio | Processing Time (sec)
0% 0.043
50 % 0.086
90 % 1.274

The processing time required for CWT simulation in

MATLAB is listed in table 2. As the scale is incsed, the

phase and quadrature phase components as real aochber of calculations increased so time requiogprdcess

imaginary parts respectively. This complex inpwgnsil is
given to the CWT algorithm. The whole algorithm is.l.
developed in MATLAB. The scalogram is plot of CWT
coefficients obtained at different scales over tinge. For
each scale number of CWT coefficients equal toitipait
signal length. If we take scale equal to -16 toeb&|uding O

is more. Increased scales give well resolved plot.

Scale Processing Time (sec)
8 1.370
16 2.804

able 1 Processing time required for CWT algorithm

number of CWT coefficients obtained are very largbe
memory required to store such large number of aefits is
also large which is not available in DSK. So preaes is
done MATLAB only.

The scalogram plot obtained at scale 8 and 16aw/s in
fig. 10 and fig. 11 respectively.
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Fig. 10 Scalogram of DES at scale=8
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Fig. 11 Scalogram of DES at scale=16
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From Table 1 and 2 it is clearly observed that tiewiired to
process CWT is more than CFFT.

VILI.

The directional Doppler ultrasound methods used
separate forward as well as reverse flow. Procgssine
required to obtained spectrograms with overlappath ds
more but the spectrogram plot is more accurate RiFTC
While CWT required more time to process. CFFT aidTC
separate the directional information in positiven&gative
frequencies and positive & negative scales respagtiAlso
this system has been designed as open researdbrmplat
which can be programmable with variety of novebaligpms
for studying improved and resolved spectrogramshtain
accurate diagnostic details in the future.

CONCLUSION
to
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