
 
 
General rights 
Copyright and moral rights for the publications made accessible in the public portal are retained by the authors and/or other copyright 
owners and it is a condition of accessing publications that users recognise and abide by the legal requirements associated with these rights. 
 

 Users may download and print one copy of any publication from the public portal for the purpose of private study or research. 

 You may not further distribute the material or use it for any profit-making activity or commercial gain 

 You may freely distribute the URL identifying the publication in the public portal 
 
If you believe that this document breaches copyright please contact us providing details, and we will remove access to the work immediately 
and investigate your claim. 
  
 

   

 

 

Downloaded from orbit.dtu.dk on: May 19, 2023

Maximum likelihood estimation of the attenuated ultrasound pulse

Rasmussen, Klaus Bolding

Published in:
IEEE Transactions on Signal Processing

Link to article, DOI:
10.1109/78.258144

Publication date:
1994

Document Version
Publisher's PDF, also known as Version of record

Link back to DTU Orbit

Citation (APA):
Rasmussen, K. B. (1994). Maximum likelihood estimation of the attenuated ultrasound pulse. IEEE Transactions
on Signal Processing, 22(1), 220-222. https://doi.org/10.1109/78.258144

https://doi.org/10.1109/78.258144
https://orbit.dtu.dk/en/publications/00a46de2-d593-420e-96b4-ac3526992ded
https://doi.org/10.1109/78.258144


IEEE TRANSACTIONS ON SIGNAL PROCESSING, VOL. 42, NO. 1 ,  JANUARY 1994 

__, “Interpreting and estimating the instantaneous frequency of a 
signal-Part I: Fundamentals,” Proc. IEEE, pp. 5 19-538, Apr. 1992. 
B. Boashash and P. O’Shea, “Time-varying higher order spectra,” in 
Advanced Signal Processing Algorithms. Architectures and Implementa- 
tions (T. Luk, Ed.). 
B. Boashash, P. J. O’Shea, and M. J. Amold, “Algorithms for instanta- 
neous frequency estimation: A comparative study,” in Advanced Signal 
Processing Algorithms, Architectures and Implemenraiions, (T. Luk, 
Ed.). San Diego: SPIE, Aug. 1990, pp. 2446 ,  vol. 1348. 
B. Boashash and B. Ristich, “Time-varying higher order spectra and re- 
duced Wigner trispectrum.” in Advanced Signal Processing Algorithms. 
Architectures and lmplementaiions (T. Luk, Ed.). San Diego: SPIE, 
July 1992, pp. 268-280, vol. 1770. 
-, “Polynomial Wigner-Ville distributions and time-varying 
polyspectra,” in Higher Order Statistical Signal Processing (B. 
Boashash, E. J. Powers, and A. M. Zoubir, Eds.). Melboume. 
Australia: Longman Cheshire, 1993. 
-, “Analysis of FM signals affected by gaussian AM using the 
reduced Wigner-Ville trispectrum,” in Proc. Inr. Con6 Acoust. Speech 
Signal Processing (ICASSP) (Minneapolis. MN), Apr. 1993. 
-, “The reduced Wigner-Ville trispectrum and analysis of FM signals 
affected by gaussian AM,” in Proc. IEEE Signal Processing Workshop 
Higher-Order Staristics (South Lake Tahoe, CA), June 1993. 
L. Cohen, “A primer on time-frequency distributions,” in Methods and 
Applications of Time-Frequency Signal Analysis (B. Boashash, Ed.). 
Melboume, Australia: Longman Cheshire, 1991, ch. 1. 
J. R. Fonollosa and C. L. Nikias, “General class of time-frequency 
higher-order spectra: Definitions, properties, computation and applica- 
tions to transient signals,” in Proc. In t .  Signal Processing Workshop 
Higher-Order Stur. (Chamrousse, France), July 1991, pp. 132-1 35. 
__, “Wigner polyspectra: HOS spectra in TV signal processing.” in 
Proc. Int. Conf. Acoustic Speech Signal Processing (ICASSP) (Toronto), 
May 1991, pp. 3085-3088. 
N. L. Gem, “Introducing a third order Wigner distribution,” Proc. IEEE, 
vol. 76, pp. 290-292, Mar. 1988. 
G. B. Giannakis and A. Dandawate, “Polyspectral analysis of non- 
stationary signals: Bases, consistency and HOS-WV,” in Proc. Int. 
Signal Processing Workshop Higher-Order Stat. (Chamrousse. France). 

A. Swami, “Third-order Wigner distributions: Definitions and proper- 
ties,” in Proc. Inr. Conf Acoustic Speech Sipial Processing (ICASSPJ 
(Toronto), May 1991, pp. 3081-3084. 
J. D. Thatcher and M. G. Amin, “The running bispectrum,” in Proc. 
Workshop Higher-order Specrral Anal. (Vail, CO), June 1989, pp. 3640 .  
P. O’Shea, “Detection and estimation methods for nonstationary sig- 
nals,” Ph.D. thesis. Queensland Univ., Dec. 1991. 

San Diego: SPIE, July 1991, pp. 98-108. 

July 1991, pp. 167-170. 

Maximum Likelihood Estimation of the Attenuated 
Ultrasound Pulse 

Klaus Bolding Rasmussen 

Abstract-The attenuated ultrasound pulse is divided into two parts: a 
stationary basic pulse and a nonstationary attenuation pulse. A standard 
ARMA model is used for the basic pulse, and a nonstandard ARMA 
model is derived for the attenuation pulse. The maximum likelihood 
estimator of the attenuated ultrasound pulse, which includes a maximum 
likelihood attenuation estimator, is derived. The results of this correspon- 
dence are of great importance for deconvolution and attenuation imaging 
in medical ultrasound. 

Manuscript received July IO, 1991; revised July 15, 1993. The associate 
editor coordinating the review of this paper and approving it for publication 
was Dr. David Rossi. 
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mark, Lyngby. Denmark. 

IEEE Log Number 92 13300. 

1. INTRODUCTION 

In medical ultrasound, a short pressure pulse is emitted from a 
transducer. The ultrasound pulse then propagates in a narrow beam 
in the tissue. When the pulse arrives at inhomogeneities in the tissue, 
a part of the pulse is scattered back and received by the transducer. By 
mechanically or electronically changing the beam direction, an image 
of the acoustical properties of the tissue can be formed. Usually, 
only the envelope of the received signal is displayed. The attenuation 
of the tissue is not displayed directly. As the attenuation of the 
tissue is a clinically relevant feature, several attenuation estimation 
methods have been developed, e.g., the spectral-shift method and 
the spectral-difference method [3] ,  [4]. However, none of these 
attenuation estimation methods are based on the maximum likelihood 
principle. Attenuation estimation is of interest in medical ultrasound 
for another reason. The resolution of the envelope-detected image is 
poor because of the extent of the ultrasound pulse. The resolution 
can be improved by deconvolution, e.g., [6], but an estimate of the 
attenuated ultrasound pulse is needed by the deconvolution algorithm. 
This applies to both the axial and to the lateral direction, but only the 
axial (I-D) case is treated in this correspondence. As the maximum 
likelihood estimate of the attenuated ultrasound pulse includes a 
maximum likelihood attenuation estimate, it is seen that there is a 
close connection between attenuation estimation and pulse estimation. 

This correspondence is organized as follows. In Section 11, a non- 
standard ARMA model of the attenuated ultrasound pulse is derived. 
The maximum likelihood estimator of the attenuated ultrasound pulse 
in a constant attenuating medium is derived in Section 111. Section 
IV presents an example, and the conclusion is given in Section V. 

11. A PARAMETRIC MODEL OF THE ATTENUATED 
ULTRASOUND PULSE 

The propagation of ultrasound waves takes place in three dimen- 
sions, but we consider I-D effects only. The attenuated ultrasound 
pulse can be divided into two parts: a stationary basic pulse and a 
nonstationary attenuation pulse. The basic pulse consists mainly of 
the electromechanical response of the transducer and the scattering 
function; see [7, ch. 81. 

The signal y (  I I  j received by the transducer is given by 

where I (  = 1.. . . .*Y denotes the discrete-time index, 2 = eJd the 
:-transform variable, H I  (;) the stationary basic pulse, and H2 ( 2 ,  n ) 
the nonstationary attenuation pulse. The radian frequency is denoted 
J. The 1 -D reflection sequence 11 ( n  ) is assumed Gaussian i.i.d. with 
zero mean and variance U ; .  A standard ARMA model is used for 
the basic pulse 

(4) 

Maximum likelihood estimation of the parameters of nonstationary 
models is possible in the time domain only. The following ARMA 
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111. MAXIMUM LIKELIHOOD ESTIMATION 

If the basic pulse H I (  2 )  is not known a priori, then we will 
assume it is minimum phase and estimate it along with the attenuation 
parameters. If the reflection sequence is nonGaussian distributed, then 
the minimum phase assumption can be relaxed [8], but this issue 
is not examined further in this correspondence. For the purpose of 
finding the likelihood function, a scaled version of the signal 71 ( 1 1  ) 
is introduced: 

model is therefore proposed for the time-dependent attenuation pulse 

where e (  n )  is independent Gaussian distributed with zero, mean and 
time-dependent standard deviation (see (7)) 

The deviations in the log-spectrum domain between the proposed 
ARMA model and the linear-with-frequency characteristic are illus- 
trated in Fig. 1. The linear-with-frequency characteristic has been 
observed to be a good approximation for most soft biological tissues 
[4]. Considering that the linear-with-frequency characteristic already 
is an approximation of the physical case, the proposed ARMA model 
seems to be a reasonable compromise between modelling capacity 
and mathematical convenience. Requiring that the modelling error 
should be zero at 

= 0 corresponding to 2 = 1 
*' = ~ / 2  corresponding to 3 = j 
J = TI corresponding to z = -1 

results in 

We then have that the received signal y( I I  ) is given by the convolution 
of a monic minimum phase filter, and the signal e (  11 ) (see ( 5 ) )  

The minus-log-likelihood function is (see Sec. 7.4 of [ 5 ] )  

(14) 

where 

( 7 )  
1 - r(rr) 
1 + c ( n )  

= exp(-tr(n)/2) 

0 
c( TI ) = t anh( c) ( 1 2  )/a ) (8) 

where n ( n )  is the cumulative attenuation coefficient at J = TI. 

According to (8), we have that I C (  R )I  < 1 for all n ( n ) and H P  ( 2. n ) 
is therefore ensured to be minimum phase in agreement with the 
physics (see Sec. 5.5 of [I]). In practice, the linear-with-frequency 
characteristic and the assumption of large signal-to-noise ratio are 
often valid only in a certain frequency band. The received signal 
should, if this is the case, undergo a sampling rate conversion [2] so 
that only the usable frequency band is present in the discrete-time 
signal. The attenuation coefficient at = w, which is denoted by 
nl ( n  - l) ,  is related to the cumulative attenuation coefficient: 

n ( / ' ) = ~ I ( T I - l ) + c ) ( ~ 1 - 1 ) .  (9) 

If the received signal comes from a uniform area with constant 
attenuation (I 1 , we have that 

The prediction error ~ ( n )  is, unlike the signal e ( n ) ,  a function of 
the assumed parameter vector 0.  The statistics of the signal e ( n )  
are a function of the true parameter vector @TRUE. The difference 
between c ( n  ) and e(  TI ) is illustrated in Fig. 2. In Fig, 2, it is also 
illustrated that the signal tx( 71 ) is a function of the assumed parameter 
vector 0 and that the statistics of the signal y ( n )  are a function of 
the true parameter vector 0 7 ~ 1  E,. The maximum likelihood estimate 
HLILF: is the value of 0 that minimizes the minus-log-likelihood 
function 1.. The maximization of the likelihood function is done by 
a Gauss-Newton-type algorithm; see [9] for details. The algorithm 
in this section is extendable to multiple independent received 1-D 

n(n)  = ( I 1  - l)n1. (10) signals and to the case of varying attenuation [9] as well. 
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Fig. 3. Generated signal y ( n ) .  

IV. EXAMPLE 

The synthetic generated signal y ( n )  shown in Fig. 3 has the 
following data: 

s = 1500 

H I ( ; )  = 1 
0 0  = 1 

n(1) = 0 { 0.01 for 501 5 11 5 1000 
otherwise n l ( n ) =  

n (  1500) = 5 

Using the fixed values 

H I ( 2 )  = 1 

n(1) = 0 

and the initial guess 

01 = 0 

U0 = 2 

it took six iterations to find 

nl  = 0.0100 * 0.0004 

00 = 0.9918 3~ 0.0514 

for 501 5 n 5 1000. The values after f are the estimated standard 
deviations. The spectral-difference approach [3], [4] resulted in 

0 1  = 0.0089 k 0.0006 

using the two nonoverlapping segments 501 5 n 5 750 and 
751 5 n 5 1000. 

V. CONCLUSION 

The information utilized by the maximum likelihood attenuation 
estimator is essentially the same information utilized by a short- 
time Fourier-transform-based method like the spectral-difference ap- 
proach. However, because the received signal is nonstationary, even 
in the case of constant attenuation, the spectral-difference approach 
has to use overlapping and small segments if the spectral-difference 
approach is to perform as well as the maximum likelihood approach. 
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Conditions for Third-Order Stationarity and Ergodicity 
of a Harmonic Random Process 

Harish Parthasarathy, Surendra Prasad, and S. D. Joshi 

Abstract-The finite data estimates of the complex third-order moments 
of a signal consisting of random harmonics are analysed. Conditions for 
the third-order stationarity and ergodicity are obtained. Explicit formulas 
for the estimation error and its variance, as well as their limiting large 
sample values are derived. A special case relevant to quadratic phase 
coupling is considered, and these results are stated for this case. The 
variance is shown to comprise an ergodic and a nonergodic part. 

I. INTRODUCTION 
The bispectrum has been shown to be a very useful tool in 

signal processing in the recent past, especially in nongaussian signal 
processing, gaussian noise cancellation, detecting phase relations 
among the harmonic components of a signal and in the study and 
identification of nonlinear and nonminimum phase systems [1]-[4]. 
One of the issues that arises in the practical implementation of 
any algorithm that uses the bispectrum or alternately the third-order 
moments is whether their estimates based on a finite observation 
interval of the signal are consistent or not. Brillinger or Rosenblatt 
[5] ,  [6] have obtained fairly general results on the asymptotic statistics 
of the kth-order spectral estimates. However, a formal treatment of 
the exact statistics of the bispectral estimates of a harmonic random 
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