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ABSTRACT

In ultrasound scanners, a two-way radiation pattern is
generated by a transmit array and a receive array. The design
of such arrays is simplified by treating the problem as the
design of an "effective aperture function" w,(n) which is

given by the convolution of the transmit aperture function
wr(n) and the receive aperture function wpg(n). In this

paper we consider the design of one-dimensional sparse
transmit and receive arrays with an apodized effective aper-
ture function. The design approach is based on the factoriza-
tion of a polynomial representation of the effective aperture
function.

1. INTRODUCTION

The far-field radiation pattern P(u) at an angle 6 away
from the broadside of a linear array of N isotropic, equis-
paced elements is given by

n=0

where d is the inter-element spacing, w(n) is the complex
excitation or weight of the n-th element, A is the wavelength
and u = sinf. The sequence {w(n)} is the array element
weighting as a function of the element position » and is
known as the aperture function. A more convenient represen-
tation of the aperture function is obtained from Eq. (1) by

substituting x = e/I27/2)d1" regulting in the function
N-1
P(x)= . wn)x", @)
n=0

which is a polynomial in x.

Sparse arrays with fewer elements are obtained by re-
moving some of the antenna elements which increases the
inter-element spacing between some consecutive pairs of
elements to more than A/2. The removal of elements usually
results in an increase of the side lobe levels and may result in
the appearance of grating lobes in the radiation pattern [1].
In some applications, a two-way radiation pattern is gener-
ated by a transmit array and a receive array [2]. In such
cases, it is possible to use sparse transmit and receive arrays

whose effective aperture function is equivalent to that of a
single array with no missing elements and hence, is not asso-
ciated with the above problems.

If wp(n) and wg(n) denote, respectively, the transmit

and receive aperture functions, the effective aperture function
Wegr (1) 1s then given by the convolution sum:

Wegr (n) = wr (n) = wg (n). 3

If the number of elements (including missing elements) in the
transmit and receive arrays are, respectively, L and M, then
the number of elements N in a single array with an aperture
function w,g(n) is L+M-1. The design problem thus re-

duces to the problem of determining wy(n) and wg(n) for
a desired wyz (1) -

In an earlier paper, we outlined a method of designing
sparse transmit and receive arrays with a uniform effective
aperture function [3]. The uniform aperture function has a
radiation pattern with the narrowest main lobe width, but the
peak of its first side lobe is about 13 dB below the peak of
the main lobe. An increase in the side lobe rejection can be
obtained with an array pair having a tapered effective aper-
ture function. In this paper we outline two different ap-
proaches to the design of an array with a tapered effective
aperture function.

The paper is organized as follows. Section 2 considers
the design of arrays with linearly tapered effective aperture
functions and Section 3 treats the design of arrays with stair-
case effective aperture functions. Two specific design issues
concerning sparse arrays are discussed in Section 4.

2. ARRAYS WITH A LINEARLY TAPERED
EFFECTIVE APERTURE FUNCTION

We first consider the design of a sparse array pair with a
linearly tapered effective aperture function F,z(x). To this

end we choose
Fopr (x) =P1(x) 5 (%), 4)
where

S-1
Py(x)= 3", ®)

LRl
R(x) = E le’
i=0 i=0
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The number of elements in the effective aperture function is
then N =R + § —1. The number of apodized elements is
equal to 2(R-1), with (R—1) apodized elements at the begin-
ning of F,z(x) and (R-1) apodized clements at the end.
2 R-1
2 TR
The parameter S must satisfy the condition S > R—1. Fur-
thermore, if R and § are positive integers that are power-of-2,
we can design sparse transmit and receive antenna arrays
using the polynomial factorization approach proposed else-
where [3]. We illustrate the design of sparse arrays with apo-
dized end elements in the following two examples.

The values of the apodized elements are %,

Example 1: R =2 and §=16. Here Py(x) = %(1 +x) and

P (x)= leio x'. Using the polynomial factorization ap-
proach [3] P (x) can be expressed as
Py(x) = A+ x)1+x) 1+ xH(1+xD),
and hence, Py (x) is of the form
Py (x) = 5 (1+ )1+ )1+ x7)(1+ 21+ x%)
2 3 4 5 6 7 8 9

=054+x+x"+x" +x +x +x +x +x" +x

+x10 +x't x4 0.5x10.

A plot of the effective aperture function is shown in Figure 1.
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Figure 1: Effective aperture function of Example 1.

One possible design for the transmit and receive arrays ob-
tained using appropriate factors of F, (x) is given by:
Pr(x)=(1+x)1+xH(1+x)

:1+x+x4+x5+x8+x9+x12+x13,

Pr(x) = (1 +x)(1+x7) = S (1+x+x° +x).

Example 2: R =3, §=16. Here £, (x) is given by

Py (x) = 31+ x +x2)(1+ )1+ x2) 1+ x )1+ x%)

=%+§x+x2+x3+x4+x5+x6+x7+x8+x9+x10

+)C11 +x12 +x13 +)C14 +x15 +§x16 +%x17.

A plot of the effective aperture function is shown in Figure 2.
A possible design for the transmit and receive arrays is

Pr(x)=(1+x)1+x3)1+x)

:1+x+x2+x3+x4+x5+x6+x7,

PR(x):%(l-i-)H—xz)(l—i-xg):%(l-i-x+x2 +x8+x0 +x10).
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Figure 2: Effective aperture function of Example 2.

3. ARRAYS WITH STAIRCASE APERTURE
FUNCTION

For the design of array pair with a staircase effective ap-
erture function, there are two possible forms of the factor of
Eq. (1) as described next.

3.1. Case A — even number of factors: In this case, the factor
P (x) is of the form

R(x) =g [+ Qe x 2 @b e
+xR2 (1 XF) ). (8)
The number R of elements (including zero-valued ones) in
B (x) isgivenby R = 225:1 k; +1.
For a staircase effective aperture function Fy(x), the
number S of elements in P (x) of Eq. (2) must satisfy the

condition S > ZZleki. The number of elements in the ef-
fective aperture function in this case is then N = 225:1]‘1' +

S. The number of apodized elements is equal to 4Zf=1kl- .

¢

The values of the apodized elements are ETE

20417 77
+1 20
20417 77T 24417

S, Wer(n) 1s of staircase form. If in addition, S is a power-

For a given set of {k;}, i=1,2,...,¢, and

of-2 positive integer, we can design sparse transmit and re-
ceive antenna arrays using the polynomial factorization ap-
proach [3]. We illustrate the design of sparse arrays with a
staircase effective aperture function in the following exam-
ple.

Example 3: k=2, k) =3,¢=2, and S=16. Here A (x)
=+ A+ A+ A+ 2] = (12 +x° +x°

+x1%) and Py(x) = Zzoxi. Therefore P, (x) is given by
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Py (x) = 0.2(1+x) + 0.4x> (1+ x + x2) + 0.6x° (1 + x + x7)

2

+0.8:8 1+ 0) +x 00+ x+x? + 3 +x* +x°) +0.8x0(1+ x)

+0.6x 81+ x+x2)+04x2 1+ x +x2) +0.2x°* (1 + x).
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Figure 3: Effective aperture function of Example 3.

A plot of the above effective aperture function is shown in
Figure 3. One possible efficient factorization of Fyp(x) is

5 8

Ty 4 5

+Xx
2

Pr(x)=(+x>+x +x 1+ xM =1+ x% +x

6 8 9 10

+x  +x" +x +Xx +x12+x14andPR(x):%(l+x+x

3 8 9 10

+x7+x +x +x +x11).

3.2. Case B — odd number of factors: In this case, the factor
P (x) is of the form

R(x) = o b e 2 e gt
+xF2 14+ XK1y o). (12)
The number R of elements (including zero-valued ones) in
B (x) isgivenby R = ZZf;ll k; +k, +1. For a staircase ef-
fective aperture function Fy (x), the number S of elements

in P(x) of Eq. (2) must satisfy the condition § >

Zthllki + k;. The number of elements in the effective aper-
ture function in this case is then N = ZZf;llki +ky +S. The
number of apodized elements is equal to Z(ZZleki +ky).

. 1 2 20-1
The values of the apodized elements are % 2

For a given set of {k;}, i=12,...,¢, and S, weﬁr(n) is of

the staircase form. If in addition, S is a power-of-2 positive
integer, we can design sparse transmit and receive antenna
arrays using the polynomial factorization approach proposed
[3]. We illustrate the design of sparse arrays with staircase
effective aperture function in the following example.

Example 4: &k =2,ky =3,k3=4,0=3,5=16. Here

R =1+ 71+ A+ x 1+ 2 A+ xP))] = (1 +x7

s
iio x'. Therefore

+x5+x9+x12+x14) and P (x)=

Fop(x) is given by

P o (x) =%(l+x)+%x2(l+x+x2)+%x5(l+x+x2 +x3)

+ 27 (x4 27) + 2 x4 x0) + 2 14 x)

2
+%xl6 18

(1+x)+§x (1+x+x2)

2 1 25

+%x21(l+x+x +x3) +3x (1+x+x2)+%x28(l+x).

A plot of the above effective aperture function is shown in
Figure 4. One possible efficient factorization of £,z (x) is

Pr(x)=(1+x+x>+x0 +x2 +xM*) . 1+ =1+ 2

+x5 +x8+x9+x10+x12+x13+x14+x17+x20+x22

and Pp(x) = (1+ x)(1+xD)(1+x*) = 3T 5%,
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Figure 4: Effective aperture function of Example 4.
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Example 5: Consider first k. =6,r =1,...,5. Here A(x)=
1 6 12 18 24 30 50 i
SO+ 2T+ 1 x4 x)  and Py(x) =200 %

which corresponds to R = 51. Possible efficient factorization
L. 116

of Py (x) is given by Pr(x) = € 2ui=0
px?x® a7 xS 2 R0 420

24 +x25 +x26 +x30+x31 +x32.

X and Pp(x)=1+x

+Xx

Example 6: Consider next &, =12, =1,...,4. Here
R()=13! 2% and P(x)= 33 x' (R=85). Possi-
ble efficient factorization of Py (x) is given by Pr(x)=

2 3 4 12 13

116 56 _
g2:1.:0x and Pp(x)=1+x +x"+x" +x +x " +x

T T i I

37 38 39 40 48 49 50 51 52

+X +XTT X X+ X +xXx  +X+XT +X

4. DESIGN ISSUES

There are two issues that need to be considered in the
design of sparse arrays with a linearly tapered and staircase
effective aperture function: Element reduction factor and the
side lobe rejection. The element reduction factor provides a
measure of the efficiency of the factorization of the effective
aperture function and is given by (N; + Ny)/(Ny + Np),

where Ny, Ny, Nr,and Ny are the number of non-zero
terms in P (x), Py (x), Pr(x) and Pp(x), respectively. The
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sidelobe rejection is the difference in the gain level in dB
between the height of the mainlobe and that of the sidelobe
with the largest height. In this section we examine these two
issues with respect to the design examples given in the previ-
ous section.

4.1. Arrays with a Linearly Tapered Effective Aperture
Function

The design example 1 with R = 2 and S = 16 has a
sidelobe rejection of —13.49 dB and an element reduction

factor of (2+16)/(4+8)=1.5. Likewise, the design exam-
ple 2 with R = 3 and S = 16 has a sidelobe rejection of
—14.08dB and an element reduction factor of
(3+16)/(8+6)=1.357. In general, in the case of a linearly
tapered effective aperture function, it is not possible get more
than about —13 dB of sidelobe rejection if a more efficient
factorization of the effective aperture function is also desired.

4.2. Arrays with Staircase Aperture Function

In this case there exists two different possible shapes of
the effective aperture function and it is possible to get a
higher sidelobe rejection along with a larger element reduc-
tion factor.

In the case of Example 3, the sidelobe rejection is
—24.1dB. The element reduction factor achieved here is
only (5+16)/(10+8) = 1.167. A plot of its radiation pattern
is shown in Figure 5.

b

Figure 5: Radiation pattern of the array of Example 3.

In Example 4, the sidelobe rejection is —20.93 dB and
the largest element reduction factor possible is only
(6+16)/(12+8) = 1.1. A plot of the corresponding radiation
pattern is shown in Figure 6.

In Example 5, the sidelobe rejection is —28.12 dB and
the largest element reduction factor that can be achieved is
(6+51)/(17+18) = 1.629.

In Example 6, the sidelobe rejection is —28.3 dB and the
largest element reduction factor possible is (5 + 85)/(17 + 25)
=2.143.

5. CONCLUDING REMARKS

As the examples show the best compromise with respect
to getting higher sidelobe rejection of more than —13 dB and
also an element reduction factor of greater than 1 is obtained
only with an array having a staircase effective aperture func-
tion. However, with any type of tapered effective aperture
function, the price to pay is an increase in the width of the
main lobe. Work is continuing to develop explicit design
guidelines.

pal b

Figure 6: Radiation pattern of the array of Example 4.

ACKNOWLEDGMENTS

This work was supported in part by a University of Cali-
fornia MICRO grant with matching support from Phillips
Research Laboratories and in part by Microsoft Corporation.

REFERENCES

[1T S. K. Mitra, Digital Signal Processing: A Computer-
Based Approach, Second edition, McGraw-Hill, 2001.

[2] G. Lockwood, P. Li, M. O'Donnell, and F. Foster, "Opti-
mizing the radiation pattern of sparse periodic linear ar-
rays," IEEE Trans. on Ultrasonics, Ferroelectrics, and
Frequency Control, vol. 43, January 1996, pp. 7-14.

[3] S.K. Mitra, M. Tchobanou, and G. Jovanovic-Dolecek,
"A simple approach to the design of sparse antenna ar-
ray" Proc. 2004 IEEE International Symposium on Cir-
cuits & Systems, Vancouver, B.C., Canada, May 2004 —
to be published.

2242



	Index
	EUSIPCO 2004 Home Page
	Conference Info
	Exhibition
	Welcome message
	Venue access
	Special issues
	Social programme
	On-site activities
	Committees
	Sponsors

	Sessions
	Tuesday 7.9.2004
	TueAmPS1-Coding and Signal Processing for Multiple-Ante ...
	TueAmSS1-Applications of Acoustic Echo Control
	TueAmOR1-Blind Equalization
	TueAmOR2-Image Pyramids and Wavelets
	TueAmOR3-Nonlinear Signals and Systems
	TueAmOR4-Signal Reconstruction
	TueAmPO1-Filter Design
	TueAmPO2-Multiuser and CDMA Communications
	TuePmSS1-Large Random Matrices in Digital Communication ...
	TuePmSS2-Algebraic Methods for Blind Signal Separation  ...
	TuePmOR1-Detection
	TuePmOR2-Image Processing and Transmission
	TuePmOR3-Motion Estimation and Object Tracking
	TuePmPO1-Signal Processing Techniques
	TuePmPO2-Speech, Speaker, and Emotion Recognition
	TuePmSS3-Statistical Shape Analysis and Modelling
	TuePmOR4-Source Separation
	TuePmOR5-Adaptive Algorithms for Echo Compensation
	TuePmOR6-Multidimensional Systems and Signal Processing
	TuePmPO3-Channel Estimation, Equalization, and Modellin ...
	TuePmPO4-Image Restoration, Noise Removal, and Deblur

	Wednesday 8.9.2004
	WedAmPS1-Brain-Computer Interface - State of the Art an ...
	WedAmSS1-Performance Limits and Signal Design for MIMO  ...
	WedAmOR1-Signal Processing Implementations and Applicat ...
	WedAmOR2-Continuous Speech Recognition
	WedAmOR3-Image Filtering and Enhancement
	WedAmOR4-Machine Learning for Signal Processing
	WedAmPO1-Parameter Estimation: Methods and Applications
	WedAmPO2-Video Coding and Multimedia Communications
	WedAmSS2-Prototyping for MIMO Systems
	WedAmOR5-Adaptive Filters I
	WedAmOR6-Speech Analysis
	WedAmOR7-Pattern Recognition, Classification, and Featu ...
	WedAmOR8-Signal Processing Applications in Geophysics a ...
	WedAmPO3-Statistical Signal and Array Processing
	WedAmPO4-Signal Processing Algorithms for Communication ...
	WedPmSS1-Monte Carlo Methods for Signal Processing
	WedPmSS2-Robust Transmission of Multimedia Content
	WedPmOR1-Carrier and Phase Recovery
	WedPmOR2-Active Noise Control
	WedPmOR3-Image Segmentation
	WedPmPO1-Design, Implementation, and Applications of Di ...
	WedPmPO2-Speech Analysis and Synthesis
	WedPmSS3-Content Understanding and Knowledge Modelling  ...
	WedPmSS4-Poissonian Models for Signal and Image Process ...
	WedPmOR4-Performance of Communication Systems
	WedPmOR5-Signal Processing Applications
	WedPmOR6-Source Localization and Tracking
	WedPmPO3-Image Analysis
	WedPmPO4-Wavelet and Time-Frequency Signal Processing

	Thursday 9.9.2004
	ThuAmSS1-Maximum Usage of the Twisted Pair Copper Plant
	ThuAmSS2-Biometric Fusion
	ThuAmOR1-Filter Bank Design
	ThuAmOR2-Parameter, Spectrum, and Mode Estimation
	ThuAmOR3-Music Recognition
	ThuAmPO1-Image Coding and Visual Quality
	ThuAmPO2-Implementation Aspects in Signal Processing
	ThuAmSS3-Audio Signal Processing and Virtual Acoustics
	ThuAmSS4-Advances in Biometric Authentication and Recog ...
	ThuAmOR4-Decimation and Interpolation
	ThuAmOR5-Statistical Signal Modelling
	ThuAmOR6-Speech Enhancement and Restoration I
	ThuAmPO3-Image and Video Watermarking
	ThuAmPO4-FFT and DCT Realization
	ThuPmSS1-Information Transfer in Receivers for Concaten ...
	ThuPmSS2-New Directions in Time-Frequency Signal Proces ...
	ThuPmOR1-Adaptive Filters II
	ThuPmOR2-Pattern Recognition
	ThuPmOR3-Rapid Prototyping
	ThuPmPO1-Speech/Audio Coding and Watermarking
	ThuPmPO2-Independent Component Analysis, Blind Source S ...
	ThuPmSS3-Affine Covariant Regions for Object Recognitio ...
	ThuPmOR4-Source Coding and Data Compression
	ThuPmOR5-Augmented and Virtual 3D Audio
	ThuPmOR6-Instantaneous Frequency and Nonstationary Spec ...
	ThuPmPO3-Adaptive Filters III
	ThuPmPO4-MIMO and Space-Time Communications

	Friday 10.9.2004
	FriAmPS1-Getting to Grips with 3D Modelling
	FriAmSS1-Nonlinear Signal and Image Processing
	FriAmOR1-System Identification
	FriAmOR2-xDSL and DMT Systems
	FriAmOR3-Speech Enhancement and Restoration II
	FriAmOR4-Video Coding
	FriAmPO1-Loudspeaker and Microphone Array Signal Proces ...
	FriAmPO2-FPGA and SoC Realizations
	FriAmSS2-Nonlinear Speech Processing
	FriAmOR5-OFDM and MC-CDMA Systems
	FriAmOR6-Generic Audio Recognition
	FriAmOR7-Image Representation and Modelling
	FriAmOR8-Radar and Sonar
	FriAmPO3-Spectrum, Frequency, and DOA Estimation
	FriAmPO4-Biomedical Signal Processing
	FriPmSS1-DSP Applications in Advanced Radio Communicati ...
	FriPmOR1-Array Processing
	FriPmOR2-Sinusoidal Models for Music and Speech
	FriPmOR3-Recognizing Faces
	FriPmOR4-Video Indexing and Content Access


	Authors
	All authors
	A
	B
	C
	D
	E
	F
	G
	H
	I
	J
	K
	L
	M
	N
	O
	P
	Q
	R
	S
	T
	U
	V
	W
	X
	Y
	Z
	Ö

	Papers
	All papers
	Papers by Sessions
	Papers by Topics

	Topics
	1. DIGITAL SIGNAL PROCESSING
	1.1 Filter design and structures
	1.2 Fast algorithms
	1.3 Multirate filtering and filter banks
	1.4 Signal reconstruction
	1.5 Adaptive filters
	1.6 Sampling, Interpolation, and Extrapolation
	1.7 Other
	2. STATISTICAL SIGNAL AND ARRAY PROCESSING
	2.1 Spectral estimation
	2.2 Higher order statistics
	2.3 Array signal processing
	2.4 Statistical signal analysis
	2.5 Parameter estimation
	2.6 Detection
	2.7 Signal and system modeling
	2.8 System identification
	2.9 Cyclostationary signal analysis
	2.10 Source localization and separation
	2.11 Bayesian methods
	2.12 Beamforming, DOA estimation, and space-time adapti ...
	2.13 Multichannel signal processing
	2.14 Other
	3. SIGNAL PROCESSING FOR COMMUNICATIONS
	3.1 Signal coding, compression, and quantization
	3.2 Modulation, encoding, and multiplexing
	3.3 Channel modeling, estimation, and equalization
	3.4 Joint source - channel coding
	3.5 Multiuser communications
	3.6 Multicarrier systems
	3.7 Spread-spectrum systems and interference suppressio ...
	3.8 Performance analysis, optimization, and limits
	3.9 Broadband networks and subscriber loops
	3.10 Application-specific systems and implementations
	3.11 MIMO and Space-Time Processing
	3.12 Synchronization
	3.13 Cross-Layer Design
	3.14 Ultrawideband
	3.15 Other
	4. SPEECH PROCESSING
	4.1 Speech production and perception
	4.2 Speech analysis
	4.3 Speech synthesis
	4.4 Speech coding
	4.5 Speech enhancement and noise reduction
	4.6 Isolated word recognition and word spotting
	4.7 Continuous speech recognition
	4.8 Spoken language systems and dialog
	4.9 Speaker recognition and language identification
	4.10 Other
	5. AUDIO AND ELECTROACOUSTICS
	5.1 Active noise control and reduction
	5.2 Echo cancellation
	5.3 Psychoacoustics
	5.5 Audio coding
	5.6 Signal processing for music
	5.7 Binaural systems
	5.8 Augmented and virtual 3D audio
	5.9 Loudspeaker and Microphone Array Signal Processing
	5.10 Other
	6. IMAGE AND MULTIDIMENSIONAL SIGNAL PROCESSING
	6.1 Image coding
	6.2 Computed imaging (SAR, CAT, MRI, ultrasound)
	6.3 Geophysical and seismic processing
	6.4 Image analysis and segmentation
	6.5 Image filtering, restoration and enhancement
	6.6 Image representation and modeling
	6.7 Digital transforms
	6.9 Multidimensional systems and signal processing
	6.10 Machine vision
	6.11 Pattern Recognition
	6.12 Digital Watermarking
	6.13 Image formation and computed imaging
	6.14 Image scanning, display and printing
	6.15 Other
	7. DSP IMPLEMENTATIONS, RAPID PROTOTYPING, AND TOOLS FO ...
	7.1 Architectures and VLSI hardware
	7.2 Programmable signal processors
	7.3 Algorithms and applications mappings
	7.4 Design methodology and rapid prototyping
	7.6 Fast algorithms
	7.7 Other
	8. SIGNAL PROCESSING APPLICATIONS
	8.1 Radar
	8.2 Sonar
	8.3 Biomedical processing
	8.4 Geophysical signal processing
	8.5 Underwater signal processing
	8.6 Sensing
	8.7 Robotics
	8.8 Astronomy
	8.9 Other
	9. VIDEO AND MULTIMEDIA SIGNAL PROCESSING
	9.1 Signal processing for media integration
	9.2 Components and technologies for multimedia systems
	9.4 Multimedia databases and file systems
	9.5 Multimedia communication and networking
	9.7 Applications
	9.8 Standards and related issues
	9.9 Video coding and transmission
	9.10 Video analysis and filtering
	9.11 Image and video indexing and retrieval
	10. NONLINEAR SIGNAL PROCESSING AND COMPUTATIONAL INTEL ...
	10.1 Nonlinear signals and systems
	10.2 Higher-order statistics and Volterra systems
	10.3 Information theory and chaos theory for signal pro ...
	10.4 Neural networks, models, and systems
	10.5 Pattern recognition
	10.6 Machine learning
	10.9 Independent component analysis and source separati ...
	10.10 Multisensor data fusion
	10.11 Other
	11. WAVELET AND TIME-FREQUENCY SIGNAL PROCESSING
	11.1 Wavelet Theory
	11.2 Gabor Theory
	11.3 Harmonic Analysis
	11.4 Nonstationary Statistical Signal Processing
	11.5 Time-Varying Filters
	11.6 Instantaneous Frequency Estimation
	11.7 Other
	12. SIGNAL PROCESSING EDUCATION AND TRAINING
	13. EMERGING TECHNOLOGIES

	Search
	Help
	Browsing the Conference Content
	The Search Functionality
	Acrobat Query Language
	Using Acrobat Reader
	Configurations and Limitations

	About
	Current paper
	Presentation session
	Abstract
	Authors
	Sanjit Mitra
	Gordana Jovanovic-Dolecek
	Mikhail Tchobanou



