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ABSTRACT 

Matched field processing (MFP) is a beamforming technique which allows for the 

detection and localization of an acoustic source in range and depth using passive sonar. 

The performance of MFP in shallow water environments using a short aperture horizontal 

line array is investigated. Shallow water test cases are utilized to evaluate the effects of 

frequency, bottom type, relative target bearing, and sound speed profile on MFP 

performance. Data from RANGEX 1-92 is also utilized to test the performance of the 

eight nearest neighbor peak picker (ENNPP) and M of N tracker for a horizontal line 

array in a real ocean environment. 

It is shown that MFP performance is significantly better for higher frequencies, 

for more reflective bottom types, and for relative target bearings away from the broadside 

beams. It is also shown that the performance of plane wave beamformers is severely 

degraded in shallow water for relative bearings away from the broadside beams, 

particularly at higher frequencies. Finally, the MFP algorithm in conjunction with the 

ENNPP and M of N tracker are shown to perform well in the real ocean environment. 
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I. INTRODUCTION 

A. BACKGROUND 

The original intent of this thesis was to investigate the feasibility of utilizing 

matched field processing (MFP) [Ref. 1-15] as a ranging technique for submarines 

operating in shallow water. MFP is an alternative beamforming method to plane wave 

beamforming which would allow submarines to conduct "single leg" target motion 

analysis using a short aperture horizontal line array. However, during the conduct of the 

analyses for this thesis, it was discovered that in shallow water environments, plane wave 

beamformers for horizontal line arrays suffer a significant fundamental signal coherence 

degradation. Since all of the Navy's operational sonars for horizontal line arrays use 

plane wave beamforming, this is considered a significant problem for anticipated shallow 

water operations. MFP should therefore be regarded not only as a supplement to plane 

wave beamforming, but also as a necessary compliment to conventional plane wave 

beamformers with horizontal line arrays in shallow water. 

The problem of signal coherence degradation is the result of normal mode 

propagation in shallow water environments, which causes reduced signal coherence in 

those beams where the signal is not estimated well by a single plane wave. The problem 

is illustrated in Fig. 1.1 for a 48 element, equally spaced horizontal line array, where 

beamformer output is plotted as a function of range for a range independent, isospeed 

medium with a hard, reflective bottom and a water depth of 100 m. The magnitude of 

the beamformer output for this plot is directly proportional to the plane wave signal 

coherence. Figure 1.1(a) shows that for a relative target bearing of 90° (i.e., broadside), 
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Figure 1.1 Normalized beam outputs vs. range for various relative bearings. 



the plane wave signal coherence is very good. This is because the distance from the 

source to each hydrophone is very nearly the same for all of the array hydrophones when 

the array is broadside to the source, thus causing the acoustic signal to be in phase over 

the entire array aperture. However, as the target relative bearings get closer to 0° (i.e., 

end-fire) as shown in plots (b-d), the plane wave signal coherence decreases significantly, 

especially at 662 Hz. This indicates that the normal mode solution to the wave equation 

is significantly different from a plane wave when the range from each hydrophone to the 

source varies across the array. Based on this result, the performance of plane wave 

beamformers in shallow water is considered questionable, thereby prompting research 

into alternative beamforming methods for shallow water operations. 

B. REVIEW OF CONVENTIONAL SUBMARINE TMA 

Submarine target motion analysis (TMA) with passive sonar has traditionally 

been accomplished by conducting a series of maneuvers while measuring the target's 

bearings and bearing rates, and then estimating the target's course, speed and range by 

utilizing various plots and equations. This method has been highly successful against 

nuclear submarines and surface warships operating in the open ocean where the ray mode 

assumption is valid, thereby facilitating the use of conventional plane wave beamformers. 

However, the end of the cold war and the increased threat of diesel submarines from third 

world countries has stimulated interest in passive ranging methods which are reliable 

against submerged diesel submarines in shallow water. As was previously discussed, this 

is a complex acoustic problem due to the normal mode characteristics of shallow water 



environments, which severely degrade the performance of conventional plane wave 

beamformers. Also, the restricted maneuverability in shallow water makes multiple leg 

TMA extremely difficult, particularly when a towed array is utilized. 

Matched field processing (MFP) is a promising solution to this problem because 

the MFP algorithm requires no course changes and it utilizes the multiple acoustic arrival 

paths of shallow water environments to estimate target bearing, range and depth. 

Although the excessive computer processing requirements made this method impractical 

when it was first developed, recent improvements in computer hardware and software 

technology have made MFP both possible and relatively easy to perform in real time. 

The Navy's approved high speed shipboard computer, the DTIC 4, is a VME bus 

processor which is fast enough to perform the MFP calculations in real time, and is also 

compact enough to fit easily into the Sonar Equipment Space or any other suitable area 

on board ship. These advancements in technology have made MFP a viable 

beamforming method for shallow water operations. 

C.   OBJECTIVE 

The objective of this thesis is to assess the performance of MFP with a short 

aperture horizontal line array in shallow water. The MFP algorithm will be tested in a 

variety of shallow water environments (100 m water depth) by mathematically 

constructing a series of simulated targets and then attempting to track these targets using 

MFP. These shallow water test cases allow for an evaluation of MFP performance in 

shallow water in the absence of real data. 



In addition to the shallow water test cases, data from a deep water test site will be 

used to evaluate the specific MFP algorithm described later in this thesis. The data set is 

from RANGEX 1-92, conducted on an instrumented range in December 1991 near Kauai, 

Hawaii, in 2500 to 3000 m of water. During this exercise acoustic measurements were 

obtained by a submerged submarine using towed array against another submerged 

submarine. The ground truth values of target bearing, range, depth, course and speed 

were well documented and will be compared to the calculated MFP values. 





II. ACOUSTIC PROPAGATION CHARACTERISTICS 

A. REVIEW OF DEEP WATER ACOUSTIC PROPAGATION 

In deep water environments signal transmission loss (TL) and horizontal signal 

coherence are measured, analyzed, and modeled as separate acoustic parameters. In the 

1970's and 1980's, horizontal signal coherence proved to be sufficient to support the use 

of very long arrays, as evidenced by a successful experiment with a towed array three 

times the length of a SURTASS array (also referred to as the 3X array). The results of 

this experiment [Ref. 16] showed that high signal coherence allowed beamforming over 

the entire 3X array aperture. Array signal gain (ASG) is usually assumed to be ideal (20 

log M), where "M" is the number of elements in an equally space line array. 

TL modeling has received a great deal of attention in deep water, with the 

development of very sophisticated and successful TL models such as the Parabolic 

Equation (PE), ASTRAL, and the Finite Element Parabolic Equation (FEPE). The 

bottom interacting energy is of relatively minor importance in deep water because this 

energy is dominant at ranges between the direct path and first convergence zone (CZ) and 

also between successive CZ's. The TL levels from bottom interacting paths are very high 

and most often significantly greater than figure of merits (FOM) for typical threats of 

interest. Therefore, the bottom interacting paths do not generally impact sonar 

performance in deep water. 



B. SHALLOW WATER ACOUSTIC PROPAGATION 

In shallow water the previous discussion does not apply. Bottom interacting 

energy dominates signal propagation below 5 kHz in most shallow water areas, and may 

impact propagation well above 5 kHz. Both TL and horizontal signal coherence show 

high spatial variability and are impacted greatly by the geoacoustic properties of the 

bottom and sub-bottom in shallow water [Ref. 17-19]. Recent shallow water analyses 

[Ref. 20] have shown that TL amplitude fluctuations and signal coherence phase 

fluctuations are highly correlated as a function of range, and closely related to the bottom 

and sub-bottom geoacoustic properties. Furthermore, for ranges up to 15 km, TL 

amplitude fluctuations occur in the interval of current F03VTs for shallow water diesel 

threats. The test cases in this thesis will also show that signal coherence phase 

fluctuations significantly impact ASG for plane wave beamformers, thus degrading the 

performance of plane wave beamformers in shallow water. As a result, signal coherence 

and TL must be evaluated jointly in diverse shallow water environments. Although MFP 

does not provide the solution in all circumstances, this thesis will show that it is a 

promising method of shallow water beamforming in many specific cases. 



ffl. REVIEW OF BEAMFORMING 

A.   CONVENTIONAL TIME DOMAIN PLANE WAVE BEAMFORMTNG 

Figure 2.1 shows a plane wave arriving at a line array with TVT, equally-spaced 

elements. If no time delays were applied, the signal would arrive sequentially at each 

hydrophone, thus producing output wave forms which would add incoherently due to 

Direction of 
Propagation 

Wavefront 

(m-l)dsinG 

Figure 2.1 Geometry for signal field arriving at a line array. 

their temporal offsets. However, if the hydrophones were "aligned" with fixed time 

delays and then summed (see Fig. 2.2 below), the signals would add coherently while the 

background noise would add incoherently, thus improving the SNR significantly. This 

process of time alignment, followed by summation, is called time domain beamforming 
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<Ti)       I 
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*f    +    )~*P(l) = P1{W-T1) + pi(tfT2) + " + fv(ttTn) »\        / 

Figure 2.2 Conventional time domain beamformer block diagram. 



[Ref. 21] and has been used in sonar systems developed since the 1960's, including the 

AN/BQQ-5 series. These systems simultaneously form beams in several directions by 

providing each hydrophone channel with a set of tapped delay elements. Time domain 

beamforming was the method of choice in the early digital sonar systems because the 

computer technology of the time was inadequate for performing the fast Fourier 

transforms required by frequency domain beamformers. 

The major disadvantage of time domain beamformers is that additional hardware 

is required to increase the number of beams in the array, making the modification costly 

and labor intensive. With a frequency domain beamformer, the beam pattern can be 

modified relatively easily with a software change. This is important since it has been 

shown that array performance is significantly improved when the number of beams is 

increased well beyond the number provided by the AN/BQQ-5 series time domain 

beamformers. 

B.   FREQUENCY DOMAIN BEAMFORMING 

1. Fourier Transforms 

The purpose of Fourier analysis is to express a signal as a sum of sinusoidal 

functions. When the transformation is applied to a time dependent function, the result is 

a frequency domain representation of the signal. Conversely, application of t „- inverse 

transformation to the frequency domain signal reproduces the original time domain 

function. Many digital processing procedures are performed in the frequency domain 

because it is generally easier to express the signal, noise and system response in the 
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frequency domain.  Also, digital methods for approximating Fourier transforms, known 

as fast Fourier transforms (FFT's), are available as a standard subroutine for computers. 

a. Fourier Integral Transforms 

For a time domain function, g(t), the Fourier integral is expressed as 

G^  =   ng(0exp(-/27t/0df (2.1) 

where G(f) is the frequency domain equivalent of g(t). Similarly, G(f) can be restored to 

the time domain with the inverse transform operation 

g(t) =   J^G(/)exp(/27r/0#. (2.2) 

The functions g(t) and G(f) are normally referred to as Fourier transform pairs. [Ref. 22, 

pp. 156-159] 

b. Discrete Fourier Transforms 

The Fourier integral expressions assume that the functions are continuous 

over the entire range from positive infinity to negative infinity. However, in the real 

world, only finite length records exist. Also, digital processing systems can analyze only 

those signals which have been converted to a discrete set of numbers. These constraints 

have led to the development of digital approximations to Fourier integral transforms 

known as discrete Fourier transforms (DFT's) [Ref 22, pp. 195-199]. 

The DFT can be performed on a function only if it has been digitized, as 

shown in Fig. 2.3. Let g(n) be the value associated with sample "n", and let G(k) be the 

11 



g(n) 

N- 
-n 

Figure 2.3 Analog to digital conversion. 

corresponding frequency domain sample. Then the DFT pair is 

G(k) =   Eg(n)^ 
w=0 

(2.3) 

AM 

gin) = jri GikW-*" (2.4) 

where    W*" = exp I J~-),  N is the number of samples, and k is the frequency index. 

Unfortunately, the DFT calculations can be computer intensive if N is 

large. For example, if N = 1000, the computation of G(k) for each discrete frequency, k, 

would require 1000 complex multiplications and 1000 complex additions, for a total of 1 

million complex operations. The fast Fourier transform (FFT) algorithm was developed 

to provide a more efficient method for computing DFT's. 

c. Fast Fourier Transforms 

The FFT algorithm divides the summation for G(K) into two parts: one 

for the odd terms in 'n' and one for the even terms [Ref. 22, pp. 199-203]. If N is a power 
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of two, the expression for G(k) can then be rewritten as 

2    ' 2+i 

G(k) =   E g(2n)^2i" +   S g(2n+\)W«2n+» (2.5) 
w=0 «=0 

Since each summation now generates only N/2 distinct values of G(k) 

rather than N values, the number of multiplications for each value of k is N/2 + N/2 + 1 

= N + 1, and the total number of complex multiplications is N/2(N + 1) = N2/2 + N/2. 

This is a reduction in computations by nearly a factor of 2 compared to the direct DFT 

calculation. As long as N is a power of 2, each of the summations may be further 

subdivided into groups with N/4 points each, representing an additional reduction of 

approximately 2. This process may be repeated until only 2 terms are leftover in each 

summation. The total number of computations then becomes N/2 log 2 N, which is a 

dramatic reduction in the number of computations. For example, if N = 1000, the FFT 

requires 4983 computations, far fewer than the 1 million computations for a DFT. 

2. Phase Delay Frequency Domain Beamforming 

Phase delay beamformers apply FFT's to the hydrophone time series and then 

introduce phase delays in the frequency domain which are mathematically equivalent to 

time delays in the time domain [Ref. 22, pp. 303-320; Ref. 23]. Referring again to Fig. 

2.1, the phase of the mth element will be delayed relative to the phase of the first element 

by the time necessary for sound to travel the distance "(m-l)d sin 9"; thus, the phase 

delay (um) at the mth hydrophone for acoustic wavelength A. will be 

um = ~- sin 9 radians. (2.6) 



When the phase delayed voltages for all elements are summed, as shown in Fig. 2.4, the 

resultant output voltage becomes 

P(f) =Px(f)+P2(f)eiu* + pz(f)ea»™ +■■■ + PM(f)eKM-»u" (2.7) 

r, p,(t) 

Hydrophone/  h®   * 
Outputs   ^ 

( Pjt)  > 

FFTs 

-P,(f)- 

-P2(f)- Phase 
Delays P(f) 

Figure 2.4 Conventional phase delay beamformer block diagram. 

As stated previously, the principle advantage of this method is that the phase delays can 

be accomplished by software instead of hardware. This allows for simplified hardware 

design and greater flexibility in beamforming, since any number of beams can be formed 

in almost any direction with the appropriate software. This is advantageous because 

performance is improved by increasing the number of beams. 

3.  Covariance Matrix Frequency Domain Beamformer 

This method utilizes the spatial coherence of the signal plus noise field by cross 

multiplying the FFT's of all sensor pairs [Ref. 22, pp. 406-413]. The collection of all 

such cross sensor FFT products in any frequency bin is called the covariance matrix. The 

advantage of this method is that it allows the application of various weighting factors to 

the matrix elements to enhance array gain. This covariance matrix is correlated with 

steering vectors to estimate the acoustic field directionality for each frequency bin.    The 
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diagram for forming the covariance matrix is shown in Fig. 2.5, where f; represents the 

ith frequency frequency bin, and p^f;) is the complex conjugate of p^). The covariance 

matrix is formed from the cross-products of the phase-delayed hydrophone FFT's and 

their complex conjugates. This FFT product for a given frequency bin will be shown as 

VjVk* in all further sections, and the covariance matrix operation will be represented as 

COV(f). 

p,(t) 

Hydrophone J P2W 
Outputs 

%«8(t) 

Column 1 Column 2 •    •    • Column M 

Row 1 PICSP,*© P.OQP2*© 
•    •    • p,($p„;© 

Row 2 fcCÖPi*© p2(f,)p2*(f;) •    •    • 
p2(Qpm\Q 

RowM pm(fi)pl*(fi) pm(QP2*(9 •    •    • 
pm(Qpm*(Q 

Figure 2.5 Covariance matrix for a single frequency bin. 

Covariance matrix beamforming is accomplished by correlating the covariance 

matrix with complex plane wave steering vectors SV) and their transposes (SV), yielding 

a conventional beamforming output (B) which varies as a function of azimuth angle (9) 

and frequency (f): 

B(9,f) =   [SV] • [COV(f)]. [SV] / M2 (2.8) 

15 



where SV = 
J2u 

and SV =  [e,ueö"»«'eM,w] (2.9) 

The value of B varies between 0 and 1, depending on how well the covariance matrix 

and the steering vector are correlated. To determine the arrival path for the incoming 

signal, the steering vector is slowly rotated in increments of 0 , and new values of B are 

calculated for each 8 and graphed, as shown in Fig. 2.6. The spike in the correlation 

curve indicates the arrival direction for the incoming plane wave signal. 

1.0 

B 

0.0 -*> e 

Signal Arrival Direction 

Figure 2.6 Covariance matrix correlation curve. 
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C. INVERSE BEAMFORMING (IBF) 

IBF [Ref. 24-29] is a processing method which consists of three separate 

algorithms: a beamforming algorithm known as the Fourier Integral Method, a data 

thresholding algorithm called the Eight Nearest Neighbor Peak Picker (ENNPP), and a 

post processing algorithm called the MofN Tracker. The Fourier Integral Method (FIM) 

is a beamforming method designed to improve the array gain for a line array by applying 

various weighting factors to the covariance matrix elements. The method is described in 

Appendix A. The ENNPP and M of N tracker are described in the next chapter. 

D. PROBLEMS WITH PLANE WAVE BEAMFORMING 

The conventional beamforming methods previously discussed were developed for 

acoustic fields consisting of perfectly coherent plane wave signals in totally incoherent 

noise. These plane wave beamformers are the ideal choice for this simplistic acoustic 

environment, and in general, they perform well in conditions where the plane wave 

approximation is valid. 

However, in most shallow water environments, the plane wave approximation is 

poor, since correlated multiple signals (multipaths) arrive from different elevation angles, 

and the ambient noise field is far from being spatially incoherent. Other plane wave 

beamforming algorithms, including FIM, Multiple Signal Classification (MUSIC) [Ref. 

30], and the Minimum Variance Method [Ref. 31] have shown improved performance 

over conventional time delay and phase delay beamformers. But for submarines 

conducting TMA in shallow water, the preferred method is one which takes advantage of 

17 



these multiple arrival paths and also eliminates the need for course changes. A method 

with high potential, MFP, will be discussed in the next chapter. 
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IV. MATCHED FIELD PROCESSING 

A.  INTRODUCTION 

MFP determines target location by "matching" the measured acoustic pressure 

field at the hydrophone outputs to a predicted pressure field based on an assumed source 

location [Ref. 1-15]. The predicted acoustic field at the hydrophones is determined by 

using a suitable acoustic propagation model, such as the Generic Sonar Model (GSM) or 

CASS for deep water, or a fully-coupled, normal mode model for shallow water. These 

predictions, which vary with source location, are compared to the measured signal and 

noise coherence values to find the highest correlation. The basic block diagram for MFP 

is shown in Fig. 3.1.  For optimum performance over the entire frequency range, plane 

Hydrophone 
FFTs 

1     

Signal 
Propagation 

Model 

Measured 
Covariance 

Matrix 

Matched 
Field 

Processing 

Planewave 
Beamforming 

TMA Solution 
- Bearing 
- Range 
- Depth 

To Combat Systems 

Figure 3.1 MFP block diagram. 

wave beamforming is performed in conjunction with MFP. The target location is resolved 

by correlating the measured hydrophone outputs to a series of predicted values at several 

different range/depth cells (see Fig. 3.2). The correlation coefficient (or beamformer 

output) is calculated for each cell and plotted on a correlation surface, as shown in Fig. 

3.3. A spike in the correlation surface indicates the most probable target location. This 

method is similar to covariance matrix plane wave beamforming, except that instead of 
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using plane wave steering vectors, MFP uses predicted complex pressure vectors obtained 

from an appropriate propagation model of the environment with an assumed source 

location. These predicted fields are more realistic than the plane wave fields assumed by 

conventional beamformers which assume a source at infinite range. 

B.  IBF/MFP ALGORITHM 

1. MFP Beamforming 

MFP is actually beamforming in range/depth space instead of frequency/azimuth 

space associated with plane wave beamforming. The MFP beam pattern (or correlation 

output) for an equally spaced n element line array is determined by: 

B(f,R,D,t) = 7^ [SV]. [COV(f)] • [SV] (3.1) 

where B(f,R,D,t) is the MFP beamformer output as a function of frequency, range, depth 

and time, and COV(f) is the covariance matrix. The steering vectors are determined 

from the acoustic propagation model. The correlation output is controlled by the array 

geometry (which affects the covariance matrix) and the sound propagation environment 

(which affects the steering vectors and the covariance matrix). 

2.   Eight Nearest Neighbor Peak Picker (ENNPP) 

As correlation coefficients are generated, the output is evaluated for the presence 

of relative maxima on the correlation surface (see Fig. 3.3). However, location of a true 

source is sometimes ambiguous, particularly when the signal level is very weak. To 
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overcome this problem, an Eight Nearest Neighbor Peak Picker (ENNPP) algorithm [Ref. 

24-26] is used to identify relative peaks in the correlation surface. This algorithm, which 

is illustrated in Fig. 3.4, compares each correlation coefficient with those in the eight 

adjacent range/depth cells, and defines a "peak" as a correlation coefficient which is 

greater than all eight of the correlation coefficients in the surrounding range/depth cells. 

The example in Fig. 3.4 shows a correlation peak located in range/depth cell (2,2). 

Depth 1 Depth 2 Depth 3 
Range 1 0.2 0.1 0.2 

Range 2 0.1 0.7 Peak 0.3 

Range 3 0.4 0.2 0.1 

Figure 3.4 Eight nearest neighbor peak picker. 

3. M of N Tracker 

The MofN Tracker [Ref. 24-26] is a three dimensional tracker (beam level vs. 

range, depth and time) which operates in conjunction with the ENNPP to reduce false 

target detections. The tracker parameters include range and depth tolerances which 

establish a neighborhood of range/depth cells within which a correlation peak is allowed 

to move in a set of N time epochs. If the peak falls within the preset tolerances in "M" of 

"N" epochs, the successive peaks are considered a target track. There are also range and 

depth variation fixes which are set "on" (to fix the tolerance in space) or "off (to allow 

the tolerance to move with time). Table 3.1 lists the tracker parameters. 
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Parameter Setting 

M/N = 0.67 with N matched to 
• MofN system averaging time 

• Range Tolerance To be determined 

• Range Variation Fix Normally "off 

• Depth Tolerance To be determined 

• Depth Variation Fix Normally "on" 

• Peak Time Averaging Usually set to M or less 

• Threshold "On" or "Off 

• Zoom 

Table 3.1 M of N Tracker Parameters and Settings. 

The basic operation of the tracker is illustrated in Fig. 3.5. The range tolerance 

(AR) is established at time zero around the first peak validated by the ENNPP. Peaks 

which appear in successive time epochs are considered as peaks in the track only if they 

fall within the preset range tolerance. With the range variation fix set "off, the range 

tolerance moves with each time epoch to center itself around the most recent peak. If two 

peaks appear within the range tolerance, two separate range tolerances are established in 

the time epoch, one around each peak, thereby generating two possible tracks. A track is 

designated as a target only if there are M of N peaks that satisfy the tracker settings. In 
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Depth vs Time 

Figure 3.5 M of N tracker and displays. 
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Fig. 3.5, since M of N is preset to 4 of 5, there must be 4 valid peaks in 5 successive time 

epochs to generate a track. 

While targets are expected to have opening or closing range rates, depth is 

expected to be constant for significant periods of time. The depth variation fix is 

therefore set "on" to keep the depth tolerance fixed. In general, the depth vs. time display 

is used as a classification tool to distinguish submarines from surface ships, and to alert 

the tracking party to a change in depth by the target vessel. 

The threshold setting is available to further reduce false target detections. When it 

is set "on", peak values which fall below the preset correlation threshold are ignored by 

the tracker. The threshold level is determined by the operator based on the correlation 

characteristics of the acoustic environment. 

Gray shading provides video enhancement to distinguish between "strong" and 

"weak" targets. Normally, tracks with high correlation values are displayed as bright 

white, while tracks with very low correlation values are displayed as dark gray. Color 

enhancement is also available to aid the operator in identifying the depth of any particular 

range track. For example, range tracks may be designated as blue to indicate surface 

tracks, red to indicate submerged tracks from 100 to 300 feet in depth, yellow to indicate 

300 to 500 feet, etc. 
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V. ACOUSTIC PROPAGATION MODELS 

The complex steering vectors used in MFP must be calculated using an acoustic 

model which takes into account the propagation characteristics of the waveguide (i.e., 

normal mode model for shallow water and/or low frequency signals, and ray theory for 

high frequency signals in deep water). One possible approach is to use a ray model (such 

as GSM or CASS) which assumes the source to be stationary during the time period over 

which each FFT is calculated. However, the preferred method is one which utilizes 

normal mode concepts [Ref. 32, 33] to predict steering vectors assuming a moving 

source. Such a method was recently developed to determine the acoustic field of a 

moving source in a range independent environment [Ref. 34] and will be summarized in 

this section. This theory has also been extended to estimate the acoustic field from an 

arbitrary moving source in a range dependent environment [Ref. 35]. For the case of a 

slowly moving source in the horizontal plane, these results reduce to the well known 

equation derived by Hawker [Ref. 36]. Although the data analysis performed in this 

thesis is for a deep water site with a slowly moving source, the theory can be extended to 

shallow water for a source moving with arbitrary speed. 

A.   NORMAL MODE MODEL 

1. General Solution for a Range-Independent Waveguide 

Starting with an idealized, symmetric, range-independent acoustic waveguide 

with sinusoidal time dependence, acoustic propagation is governed by the reduced wave 

equation (or Helmholtz equation): 

27 



1AL*1 , ^.-.df 1  8p~] ,   m frit) + <*%Ijfef) + fop'* "Z5feSMi (4.0 

where "p(r,z)M is the acoustic pressure at range "r" and depth "z", "p(z)" is the water 

density as a function of depth, "c(z)" is the sound speed as a function of depth, and "co" is 

the acoustic frequency in rad/sec. Using the technique of separation of variables, the 

pressure field p(r,z) may be expressed as: 

p(r,z) = Z(z)R(r) (4.2) 

and substituted into Eq. 4.1. This leads to the following equation: 

1 
R 

lA(rdR 
rdA dr 

+ ~f--sd(  1   dZ\ 
PK"')dzKp(z)dzJ_ 

+ CO' 

cHz) 
= 0 (4.3) 

Since the first term is a function of r only and the second term is a function of z only, 

the equality is satisfied if and only if both terms are equal to the same constant. If K
2
 is 

used to represent this constant, then Eq. 4.3 can be rewritten as: 

ifcPR _ IdR] = lf£Z _   1   dpdz\     _©2_ 
R^dr2      r dr)      zKdz1      p£)dzdzJ     c2(z) 

K- (4.4) 

and the modal equation (or depth equation) becomes: 
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d2Z       1   dpdZ 
dz2     p(z)dzdz 

+ — -K2 

Vc2(z)        7 
Z = 0. (4.5) 

Assuming that the ocean surface is a pressure release surface and that the bottom (at 

depth D) is perfectly rigid, the boundary conditions are: 

m = o,       ^ = 0. 
dz (4.6) 

This is a Sturm-Liouville eigenvalue problem for which there exists an infinite number of 

solutions (normal modes) characterized by mode shape functions Zm(z) and horizontal 

propagation constants Km. The propagation constants are distinct eigenvalues and the 

mode shape functions are the corresponding eigenfunctions. Since these eigenfunctions 

form an orthonormal set, the term normal modes is generally used. The subscript, m, 

designates the mode number for the particular eigenvalue or eigenfunction. 

The pressure field in Eq. 4.2 can now be expressed as: 

p(r,z)=   £ Rm(r)Zm(z). (4.7) 

Substituting this expression into Eq. 4.1 yields: 

lA(r^SL\7    +K2R   7 -5(r)8(z-zs) 
2nr (4.8) 
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Equation 4.8 can be simplified by multiplying both sides of the equation by: 

CD Z(Z) 

Jo   p(z) 

and applying the orthogonality property: 

dz (4.9) 

CD Zmjz)Z*z)       =    0 forlorn 
lo       p(z) lforl = m v      ; 

to yield the following equation: 

m&)*«* ■ is- 
The solution to Eq. 4.11 is a Hankel function of the first kind: 

Ri(r) = j^Zfcs)^^) (4.12) 

where the asymptotic approximation of the Hankel function is: 

^W)*^^—?>. (4.13) 

The full normal mode solution for the pressure field can now be written as: 

*r'*> = W~T S Zm(zs)Zm(z)H*\Kmr) (4.14) 
4p(2j m=\ 
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or substituting the asymptotic approximation in Eq. 4.13: 

p(r,z) *        Ar-«"** S Zm(zM)Zm(zy^. (4.15) 
p(z5)Vö3rr »i=i vKw 

The complete, time-dependent solution for the pressure field is: 

P(r,z,t) = p(r,z)e-itt>t (4.16) 

P(r,z,t) * '        e-^/4) 2 Zm(Zj)Zm(2)^l 
p(z^)V8%r m=i VKw 

2. The Isospeed Problem 

A specific analytical normal mode solution can be obtained by assuming that the 

sound speed c and the density p in the water column are constant. Under these 

conditions, the general solution for the normal mode functions becomes: 

Zm(z) = A sinyz + B cosyz, (4.18) 

where 

(CD2       .., 
Y=J-f-K-. (4.19) 

The boundary conditions specified in Eq. 4.6 lead to the condition: 

AcosyD = 0 (4.20) 
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where D is the bottom depth. The non-trivial solution is therefore: 

yD = (m+^K   m=l,2,.„ (4.21) 

with the eigenvalues, or normal wave numbers, assuming the discrete values: 

Km     — 
CO' m + 

IJD. 
m= 1,2,. (4.22) 

and with the corresponding eigenfunctions, or normal modes, given by: 

z«(?) = J-ß sinYi»z. (4.23) 

Substituting Eq. 4.21 into Eq. 4.14, the complex pressure field becomes: 

p(r,z) = r7- 2) sin(y«^,) sin(ymz) ^(Kmr). (4.24) 

Since the eigenvalues (Km) must be real valued for their associated modes to 

propagate, only a finite number of modes will exist in any given waveguide. For shallow 

water, the normal mode expansion is very efficient and only a few modes are required. 

In deep water, as in RANGEX 1-92, many more modes are required and the normal mode 

expansion is not efficient.  However, the ray theory approximation generally holds true 
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for most deep water environments, allowing for the use of a ray model in deep water, 

which is much more efficient than a normal mode model. 

To illustrate the effect of the waveguide on normal mode propagation, consider a 

low frequency tonal (26 Hz) in a waveguide similar to the RANGEX 1-92 area (4000 m 

water depth) with c = 1500 m/sec. Substituting these values into Eq. 4.22 yields: 

_   / (2n • 26/fe)2 

•vm   —I ->   — 

-]2 

(m+V2)—£— 
. MOOOm ^(1500w/sec)2 

= ^(0. 1089T«-
1
)

2
 - [0.000785398m-\m + 1/2)]2 . 

For Km to be real valued, the quantity inside the radical must be positive. This requires 

that the second term inside the radical be less than the first term: 

0.000785398(m + V2)  <  0.1089 

or m  <  0.1089/0.000785398 - V2   «    138. 

For values of m > 138, the eigenvalues are imaginary and the exponential portion of the 

Hankel function (Eq. 4.13) becomes: 

g/(Kmr-Jt/4)   _   eHf\Km\r-idA)   _   e(-kJr-i%/4) where K    = ÜKJ 

The pressure field (Eq. 4.15) for the case of imaginary eigenvalues is therefore: 

•  -ra/4 °° 
p(r,z) *      ie  ,  I Zm(zs)Zm(z)- 

p(z5)V87ir »1=1 Ji\Km\ 
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Since the exponential function inside the summation is now a decay function, all modes 

corresponding to m > 138 will decay exponentially. For a shallow water environment 

(e.g., D = 100 meters), only the first two modes would propagate; the rest would decay 

exponentially. 

B. SOLUTION FOR THE ACOUSTIC FIELD OF A MOVING SOURCE 

1.  Contemporary and Retarded Times in Acoustics 

The acoustic field for a slowly moving point source with constant velocity was 

originally derived 15 years ago by Hawker [Ref. 36]. This solution is given in 

contemporary time, which is the time at which the sound reaches the receiver. However, 

difficult analytical problems arise when Hawker's approach is extended for the acoustic 

field of a source with arbitrary velocity. It is useful, therefore, to express the field in 

retarded time, which is the time at which the energy is radiated by the source. The 

relationship between retarded time and contemporary time is illustrated in Fig. 4.1. The 

vectors  r and  r'  are the position vectors for the source at contemporary time, t, and 

Source position 
att' 

R = r - r' 

f = t - R/c 
Source position 

att 

Figure 4.1 Relationship between retarded time (V) 
and contemporary time (t). 
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retarded time, t, respectively.    Assuming a constant sound speed, c, the relationship 

between the retarded and contemporary times is given by the expression: 

t' = t-R/c where R = |r-r'|. (4-25) 

2.   Acoustic Field Solutions 

The solution for the acoustic field of a source with an arbitrary velocity and 

frequency ©0 in a range independent environment was recently developed by Lim and 

Ozard (1994a). This solution, expressed in retarded time, is given by: 

P(rtz,f) =-fSf e^'df* p 2„{z)Zn{z^ f)dH^ 
&rpw=iJ-» J-   (o-oo) dt' {      > 

For the case of a slowly moving source, Eq. 4.26 simplifies to: 

P{r,z,t) * *. e-^/4) £ 20fe)Zo(z)e^ 
p(zs)JUr(tf) m=\ J^ K       J 

where t' = t - r(t')/cm is the retarded time, cm is the modal group speed, and where the 

superscript "0" indicates functions evaluated at the source frequency, co0. Note that Eq. 

4.27 is similar to the normal mode solution given in Eq. 4.17, except that the position, r, 

is specified as a function of retarded time, t'. 

Consider now the special case of a slow-moving source with constant horizontal 

velocity, as in Hawker's model. Define the angle, a, as: 

sin cc(0 s  - v • Hf) (4.28) 

35 



where  v(f)   is the unit vector in the direction of target motion, and    r(t)   is the unit 

vector from the source to the receiver at time t. The expression for r(t') now becomes: 

r(t') * r(f) 
v sina(Q 

Cm 
(4.29) 

where v is the speed of the source. The term v sin a(t) gives the velocity component in 

the line of sight and corrects for the pressure wave phase shift for a moving target. 

Equation 4.29 can be substituted into Eq. 4.27 to obtain the acoustic field in 

contemporary time: 

p(r - A Ä *      ^-/(oon-tt/4) £ 2%,(zs)2ym(z)^oritM; _(v/Cmisinaml (4.30) 

p(z,)V87tK0 r^~ m=\ 

This is Hawker's solution [Ref. 36] for the acoustic field of a slowly moving source with 

constant velocity. This solution will be utilized for calculation of steering vectors, as 

described in the next section. 

Although the previous discussion of normal mode theory was limited to range 

independent environments, Lim and Ozard [Ref. 35] have extended the calculations to 

sources moving in weakly range-dependent environments (i.e., environments in which the 

sound speed and bathymetry are weak functions of the horizontal displacement). Even 

though the solutions for the acoustic field in cases of arbitrary range dependence are 

unknown, the equations can be solved for some specific ocean geometries. In addition, 

Lim and Ozard developed a perturbation approach to provide a reasonably accurate 

36 



model of sound propagation over the continental shelf.   The mathematical details for 

these cases will not be discussed in this thesis. 

C.   CALCULATION OF STEERING VECTORS 

The steering vectors used for MFP in shallow water are determined using Eq. 4.30 

to predict the acoustic pressure at each hydrophone location with the acoustic source at 

an assumed position. From the law of cosines, the range from the assumed source 

location to the nth hydrophone, rn(t), is given by: 

rn(t) = {^(t) + [(24.5 - n)d]2 + r(t)[24.5 - njdcose,}* (4.31) 

where r(t) is the range from the predicted source location to the center of the array, Gr is 

the relative bearing to the source, d is the hydrophone spacing, and n is the hydrophone 

number (1 to 48). For each range/depth cell (see Fig. 3.2), the acoustic pressure at the nth 

hydrophone can be calculated using Eq. 4.30: 

P„(r„,Z,Zs,t)   »    i___e-'(o>o/+7t/4)   J£   ™m\ZsWm(z) g/lcoM/)[i -(V/Cm)sina{t}] 

p(z,)V87w„(r) *=i      fig 

where the each value of rn(t) is calculated from Eq. 4.31, and the normal mode values 

(Zm) are determined from the SACLANTCEN Normal Mode Acoustic Propagation 

Model (SNAP) [Ref. 37] based on inputs of c(z) and water depth (see Appendix B).   The 

37 



velocity of the source is assumed to be zero initially, and then updated when range rate 

estimates are obtained from the MFP alogorithm. For the 48 element line array used to 

obtain the data in this thesis, the steering vector for each range/depth cell is given by: 

SV = 

Pi(ruz,zs,f) 
P2(r2,z,zs,t) 

Pw(rw,z,zs,t) 

(4.32) 

Note that the variables r and zs represent the range and depth, respectively, of each 

range/depth cell. Each value of r is applied to Eq. 4.31 to calculate the variable rn, 

which, along with the values of zs, are used to determine the acoustic pressures at the 

hydrophones. 

D. CASS SUMMARY 

In some cases, it may be preferred to calculate the acoustic pressures using a ray 

model such as CASS [Ref. 38]. In deep water, for example, CASS is much more 

efficient than the normal mode model which requires calculations of hundreds of mode 

functions for each range/depth cell. However, it is important to remember that CASS 

assumes the target to be stationary between FFT intervals. This may be of no 

consequence when dealing with slow moving targets, but could be a significant source of 

error for faster targets such as torpedoes. The selection of the appropriate acoustic 

propagation model must therefore be based on the tradeoff of efficiency in calculations 

versus the accuracy of the model. 
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1.   Basic Description 

CASS is a ray model developed for determining acoustic propagation primarily in 

deep water. To use CASS for MFP tracking of a moving source, the following 

assumptions must be made: 

a. the environment is range independent, and 

b. the acoustic source does not move a significant distance in one averaging time 

(i.e., slow moving target). 

The principle advantage of using CASS for MFP is that the eigenrays can be 

specified by amplitude, conical angle, and relative phase within the CASS model. 

2.   Calculation of Steering Vectors 

As with the normal mode model, steering vectors are determined from the 

complex pressures provided by the propagation model. Figure 4.2 shows the geometry 

utilized by CASS in calculting the pressure at each hydrophone. 

For any given range/depth cell, the complex pressure is given by: 

Pm(f)=ITlAie
i^rJ^'+^ (4.33) 

where A{ is the amplitude, <D; is the relative phase, and ^ is the elevation angle of the 

itheigenray. The conical angle, x¥i  is detemined from the relationship 

cos ¥; = cos(0 - H) cos(<j>;). (4.34) 
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48* forward 

range/depth 
cell 

Figure 4.2 Geometry for calculating complex pressures with CASS. 

For each eigenray within a user specified portion of the maximum eigenray level 

(measured by A;), the values of A;, ^ and <E>; are provided by CASS and utilized in Eq. 

4.33 to calculate the value of pm (f). The steering vectors are then determined from Eq. 

4.32, and the MFP correlation coefficient is calculated, as before, using Eq. 3.1. 
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VL MFP ANALYSIS AND TEST RESULTS 

A. INTRODUCTION 

In section III.B, it was shown that the MFP beam pattern is determined by Eq. 3.1: 

B(f,R,D,t) = [SV] • [COV(f)] • [SV] / 482 

where the covariance matrix (COV) is measured at the hydrophone outputs, and the 

steering vector (SV) and its transpose (SV) are modeled as a function of range, 

frequency, source depth, receiver depth and sound speed profile (SSP). Due to the nature 

of the covariance matrix, the MFP beamformer output (B) can be used to assess complex 

pressure amplitude and signal coherence simultaneously As Fig. 5.1 shows, the major 

diagonal terms vary as a function of amplitude only, while the off diagonal terms vary as 

a function of both amplitude and signal coherence.      Since the complex pressure 

Amplitude + 
Signal Coherence — 

terms 

%sJl ^P ^..12 Pl3 
•   *   • P X 148   ! 

?2>1 M!j2 fc P 
S«F23 

•   *   • P Jr248   : 

p31 
r32 

s^P^S •-.    •   •   • P 

V.- 

p x48] 
P r482 

P r483 
•   •   •"<^ 

^MS^ 

Amplitude + 
Signal Coherence 

terms 

Amplitude terms 

Figure 5.1 Covariance matrix composition. 
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amplitudes are determined in part by the TL, the signal covariance matrix contains 

information on both TL and signal coherence, each of which affect the magnitude of the 

beamformer output. The highest beamformer outputs will therefore occur in those cases 

where the combination of amplitude and signal coherence is highest. 

The performance of MFP is tested in the following section using simulated targets 

to evaluate various test cases in shallow water. The targets are simulated by utilizing 

Hawker's formula (Eq. 4.30) to calculate the appropriate acoustic pressures at the desired 

target range and depth, after which a signal covariance matrix is assembled from the 

calculated pressures. The final section in this chapter evaluates the performance of the 

MFP algorithm along with the ENNPP and M of N tracker for the RANGEX 1-92 data. 

B. SHALLOW WATER TEST CASES 

All of the test scenarios were constructed assuming a 48 element horizontal line 

array with a hydrophone spacing of 1.132 m. Unless otherwise noted, each case assumed 

a hard, reflective bottom , a constant water depth of 100 m, a source depth of 40 m, a 

receiver depth of 80 m and a target relative bearing of 45°. The MFP beamforming 

algorithm was tested to evaluate the effects of normalization, acoustic frequency, bottom 

type, SSP, source and receiver depth, and target relative bearing. 

1. Normalization Techniques 

To effectively evaluate MFP, the MFP beamformer output must be corrected to 

account for the effects of low transmission loss at close ranges. The impact of TL on the 

beamforming process is illustrated in Fig. 5.2(a), which shows a typical plot of MFP 
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(a) No normalization 
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range (m) 

6000 

0 2000   4000 
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(c) Method 2 

6000 
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0 

(b) Method 1 
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2000 4000 
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(d) Method 3 

6000 

Figure 5.2 Beamformer output vs. range for various normalization techniques. 
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beamformer output versus range (i.e., correlation curve) at 662 Hz. The target for this 

example has a range of 3000 m. While this curve does show a moderate peak at a range 

of 3000 m (corresponding to the target), it also shows some larger, secondary peaks (or 

side lobes) at ranges less than 2000 m. These side lobes, which are undesirable because 

they "mask" the target, are a result of the cylindrical spreading term in Eq. 4.30 (l/r,/2) 

which causes the steering vectors to have high complex pressure amplitudes at close 

ranges. To correct the beamformer output for these TL effects, three different methods 

of normalization were tested. These three methods are illustrated in Fig. 5.2 (b-d) and 

summarized in the following sections. 

a. Method 1 

Each steering vector was normalized by removing the cylindrical 

spreading term from Eq. 4.30, thus removing the contribution of transmission loss to the 

amplitudes of the predicted pressures. As can be seen in Fig. 5.2(b), this method greatly 

reduced the side lobes at close ranges while amplifying the relative magnitude of the 

primary peak corresponding to the target. 

b. Method 2 

This method was tested as a means of adjusting the scale of the vertical 

axis such that the beamformer outputs would have values between 0 and 1, thus allowing 

for a more objective comparison of beamformer outputs at all depths. The steering 

vectors in this case were normalized by dividing each of the complex pressures by the 

average magnitude for the entire vector. As Fig. 5.2(c) shows, the scale of the vertical 

axis did change, but further normalization is still required. 
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c. Method 3 

The scale adjustment which was desired in method 2 was achieved by 

normalizing the signal covariance matrix in addition to the steering vector normalization 

of method 2. This yielded the desired output, as shown in Fig. 5.2(d). The primary peak 

now has a value of 1 (representing perfect correlation), while the side lobes have values 

between 0 and 1. This is the preferred method of normalization and is used in all of the 

test cases discussed in the remainder of this chapter. 

2. Acoustic Frequency 

MFP correlation curves were plotted for acoustic frequencies of 662 Hz, 138 Hz, 

and 55 Hz as shown in Fig. 5.3, 5.4 and 5.5. Each figure shows a set of four correlation 

curves with target range initially at 2000 m and moving outward to 5000 m. The 662 Hz 

curves in Fig. 5.3 each show a clearly defined primary peak corresponding to the target, 

and much smaller side lobes. The 138 Hz and 55 Hz curves, however, clearly show a 

progressive increase in the side lobe height with decreasing frequency. This is not 

surprising, considering that at 55 Hz the acoustic wavelength is 27 m, or twenty four 

times the hydrophone spacing, while at 662 Hz the acoustic wavelength is 2.26 m, or two 

times the hydrophone spacing. MFP is clearly most effective at 662 Hz and perhaps 

marginally effective at 138 Hz. At 55 Hz, the side lobes are so high that it is impossible 

to distinguish them from the peak. 

The effect of acoustic frequency is further illustrated in Fig. 5.6, which shows 

normalized beam outputs versus target range for the case of plane wave steering vectors. 

For these curves, a beamformer output close to 1 indicates good correlation between the 
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Figure 5.3 Correlation curves for various target ranges at 662 Hz. 
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(a) Target range = 2000 m (b) Target range = 3000 m 
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Figure 5.4 Correlation curves for various target ranges at 138 Hz. 
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Figure 5.5 Correlation curves for various target ranges at 55 Hz. 
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Figure 5.6 Normalized beam output vs. target range 
using plane wave steering vectors 
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signal and the plane wave, while an output close to 0 indicates poor plane wave 

correlation. As the plot shows, the 55 Hz signals correlate very well with the plane 

waves, but the 662 Hz signals correlate very poorly. This further explains why the MFP 

side lobes are so high at 55 Hz, but much smaller at higher frequencies. At 55 Hz, the 

array "sees" the acoustic signals as plane waves, and is therefore unable to resolve range, 

since plane wave signal coherence does not vary as a function of range. A plane wave 

beamformer in this environment would be expected to perform quite well at 55 Hz, but 

the MFP beamformer would perform poorly at this frequency. At 662 Hz, the situation is 

reversed. Since the acoustic wavelength is much shorter, the array is able to resolve 

range and it no longer sees the acoustic signals as plane waves. At this frequency, we 

expect a plane wave beamformer to perform poorly in this environment, while the MFP 

beamformer would perform quite well. 

3. Target Relative Bearing 

Figures 5.7 and 5.8 show correlation curves at 662 Hz for target relative bearings 

ranging from 0° (end-fire) to 90° (broad side). In Fig. 5.7, the normalized beamformer 

outputs are calculated using plane wave steering vectors. The plots in this case show that 

the beamformer outputs are very high (greater than 0.99) at a relative bearing of 90°, but 

the values decrease rapidly as the relative bearings get closer to end-fire. A plane wave 

beamformer should therefore be expected to performer well only if the relative bearing is 

at or close to broadside. At angles closer to endfire, there is a significant reduction in 

array gain. 
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Figure 5.7 Normalized beam output vs. range at 662 Hz 
for various relative bearings. 
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Figure 5.8 MFP beam output vs. range at 662 Hz 
for various relative bearings. 
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In Fig. 5.8, MFP beamformer outputs are plotted, again for target relative bearings 

ranging from end-fire to broad side. These plots clearly show that the MFP beamformer, 

in contrast to the plane wave beamformer, performs much better at or near end-fire than 

it does near broadside. For relative bearings at or near broadside, MFP is hardly able to 

resolve range at all, creating so many side lobes that the correlation curve appears flat. 

On the other hand, for bearings at or near end-fire, the side lobes are greatly reduced. 

4. Bottom Type 

Figures 5.9 - 5.11 show the contrast between a hard, reflective bottom type and a 

softer bottom which absorbs much more acoustic energy. The MFP plots of Fig. 5.9 and 

5.10 illustrate that for the same frequency, the side lobes are significantly larger for the 

soft bottom plots than they are for the hard bottom plots. This is because the softer 

bottom type "strips" away some of the higher modes in the shallow water wave guide, 

thereby reducing the uniqueness of the modal interactions at various ranges and causing 

the larger range/depth side lobes. In the hard bottom cases, a greater amount of acoustic 

energy is reflected back into the wave-guide, causing a more unique nodal interference 

pattern with range and thereby reducing the side lobe height. 

The effect of acoustic energy absorption by the bottom is further illustrated in Fig. 

5.11, which shows normalized beam outputs at 662 Hz using plane wave steering vectors. 

As expected, the soft bottom plot shows higher values of beam output on the average 

than the hard bottom plot, indicating that the acoustic signals in the soft bottom 

environment are more "plane wave" in nature. Again, this is due to modal "stripping" by 
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Figure 5.9 MFP beam output vs. range at 662 Hz 
for hard and soft bottom. 
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(a) Hard bottom, target range 2000 m (b) Hard bottom, target range 2000 m 
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Figure 5.10 MFP beam output vs. range at 138 Hz 
for hard and soft bottom. 
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Figure 5.11 Normalized beam output vs. target range using plane wave 
steering vectors with hard and soft bottom. 
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the soft bottom which reduces the uniqueness of the modal interactions and causes the 

acoustic signals to have characteristics more like plane waves. 

It should be emphasized that the geoacoustic bottom properties of real ocean 

environments would generally lie between the two extremes discussed above. However, 

in those areas where there is significant variability in geoacoustic bottom properties, 

passive sonar performance may vary noticeably. Specifically, an MFP beamformer 

would be expected to perform better in hard bottom rather than soft bottom 

environments, while a plane wave beamformer would be expected to perform better 

where the bottom is less reflective. It is also noteworthy that at 662 Hz, the plane wave 

beamformer outputs are, at many ranges, quite low even with a soft bottom, indicating 

that plane wave beamformer performance in shallow water may be questionable at higher 

frequencies, regardless of the bottom type. 

5. SSP and Source/Receiver Depth 

The MFP algorithm was tested for various combinations of source and receiver 

depth with the SSP's shown in Fig. 5.12. In each case, the acoustic frequency is 662 Hz 

and the target range is 3000 m. The correlation curves corresponding to each SSP are 

shown in Fig. 5.13 - 5.16, where four different source/receiver depth combinations are 

plotted for each SSP. From this series of test cases, the effect of SSP and source and 

receiver depth on MFP performance is ambiguous. None of the cases show a clear 

advantage over the other, and there is no discernible relationship between SSP and side 

lobe height. The results, therefore, are inconclusive, and further testing should be 

conducted, preferably with real data. 
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Figure 5.12 Sound speed profiles used for MFP test cases. 
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Figure 5.13 MFP beam output vs. range for weak negative gradient. 
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Figure 5.14 MFP beam output vs. range for strong negative gradient. 
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Figure 5.15 MFP beam output vs. range for weak positive gradient. 
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Figure 5.16 MFP beam output vs. range for mixed layer. 
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C. RANGEX1-92 ANALYSIS 

This deep water data set was utilized to test the operation of the MFP 

beamforming algorithm along with the ENNPP and M of N tracker in a real ocean 

environment. Although deep water acoustic propagation differs from shallow water 

propagation in several respects, this data is nevertheless useful in testing the effectiveness 

of the ENNPP and M of N tracker in differentiating the actual acoustic source from the 

side lobes. This is important because as the test cases in the previous section showed, 

side lobes are a significant problem in MFP beamforming. This real data test will also 

demonstrate the potential usefulness of the M of N tracker displays for real time 

shipboard applications. 

The ENNPP and M of N tracker were first tested against a simulated target in a 

deep water environment (water depth 5000 m) with an isospeed profile and utilizing 

CASS as the acoustic propagation model. The covariance matrix was constructed from 

acoustic pressures which were calculated from the CASS eigenrays. Figure 5.17 shows 

the range versus time and depth versus time displays produced by the M of N tracker for 

a target at a range of 6000 yds and a depth of 400 ft. Note that both plots show a single 

trace corresponding to the target's range and depth. In this ideal situation, the tracker 

values correspond exactly to the actual target range and depth, and the operator can easily 

read the displays in real time. 

Figure 5.18 shows the tracker displays for a 26 minute portion of data from 

RANGEX 1-92. This portion of data was selected because the target relative bearing 

varied by only 3°, thereby providing for a relatively constant bearing for the calculation 

63 



VI 
o 

T| 

C 
3 
en 

s 

01 
o 
<D 

a 
w 

■o 
0) 

«< 
0> 

03 
CO 

i" 
c 
0» 

a. 
ST 

(fi 

> 
S c 

0) 
(3 
CD 

3 
Z3 

(Q 
CD 
II 
O 
O 
O 
O 

a. 
a» 

> 

c 
92. 
H 
0) 
-i 

(Q 
CD 

D 
CD 

T3 
IX 
II 

.&>. 
O 
O 

gJi 

■< a w 

in 
o 

73 
03 

(Q 
CD 
i 

H 
3" 
CD 

o 

imrnmrmimri - 

o    o    o   o    o 
-»   o   o   o   o 
o   in   ui   •*•   * 
-»     -J     N     00     * 

K)     O    •*■ 
o    cr>    -b 

KJ 

O o 

<b 

o 
© 

D 
CD 

■o 
3- 

H 
3' 
CD 

O 

64 



o sz 
n CL 

CD 
CO ■D 
F 

CD 1- o> 
i_ 

CO 
-C H-> 
•+-* 
Q. CO 
CD 3 
Q "5 

< 

o ü 
Q. _^   CO 

<D o *- 
F 2 Q_ 

*- Ü- i- o2 
CD 
a> 

ff-D 
co a> 

c _   CO 
CO 

3 •.= Q: 
O   CO 
< 111 

! ! 

u 
1 ! 

o 
o 

D 
V a 

i""i""i""ri""M"' s 
o 
o 

n 
M ■4- 

ID 
© W 

M 

o O *•• (O o 0) 

a o> A 0> A A o> 

-liiiiliririiiiliiiiliiiilliiilii 

I  I 

in 

M 
■VI 

si 

o 
in 

O 
O 

Q. 
CD a 

■4-J 
CD 

S> 
CO 

CO 
3 

I 

"O 
</J >> 

■o o o o o 
o rf 
o 
co « 
8 CD 
a) a> 
m L. 
r fU 

CO 
i_ Q_ 

U- 
O) > 
i_ 
CO T3 

CD 
CO CO 
3 E 
O 
< CO 

III 

B 
CO 

■Ö 
<N 

X 
UÜ 
O z 

CO 
>» 
w 
Q. 
(0 

'"5 
CO 

u 
CO 

00 

£ 
3 
TO 

LE 

65 



of FFT's. Referring first to the range-time display, the actual target track is denoted by 

the solid line, while the estimated MFP track is denoted by the dotted line. As the plot 

shows, the MFP track differs from the actual target track by approximately 1000 to 1500 

yds. This is an impressive result considering that CASS models the bottom in a very 

simplistic fashion, treating it as a single layer with a constant speed profile. The range 

information provided by this display would be very useful in a submarine attack center 

during a tracking situation, especially considering the fact that range solutions obtained 

by conventional TMA are seldom within 1000 yds of actual target range. Furthermore, 

the torpedo firing solutions used in many successful exercise torpedo launches have had 

range errors of as much as 5000 yds. 

The depth estimate, as expected, is not as accurate as the range estimate for this 

short aperture array, as illustrated by the depth versus time display in Fig. 5.18. While 

the actual target depth was 400 ft, the tracker shows three traces, none of which are any 

closer than 200 ft from the actual depth. This demonstrates that for this deep water 

environment, the MFP beamformer is much better at range discrimination than at depth 

discrimination. The poor depth discrimination is due to poor vertical sampling by the 

horizontal line array. 

It should be noted that the entire RANGEX 1-92 data set consisted of two hours 

worth of data, but the majority of the data had high target bearing rates, which are not 

useful for MFP applications. In general, the bearing rates averaged 3 to 5 °/min 

throughout the data set except for that portion which was displayed in Fig 5.18, where the 

bearing rate was less than 1 °/min.    For bearing rates in excess of 1 to 2 °/min, 
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conventional TMA techniques are more useful than MFP. However, the detection and 

tracking of a slow speed diesel submarine in shallow water, or the tracking of a torpedo 

before the weapon has reached its enable point are two low bearing rate examples where 

MFP shows great potential. Certainly, shallow water environments will limit TMA 

maneuvers significantly and single heading TMA with a towed array is highly desirable. 
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VII. CONCLUSIONS AND RECOMMENDATIONS 

A. CONCLUSIONS 

1. Plane wave beamforming with horizontal line arrays may be significantly 

degraded for relative bearings other than broadside by the 

multipath/multimode acoustic environment of shallow water, particularly at 

higher frequencies. Degradation is even greater in those environments with a 

hard, reflective bottom. 

2. MFP performance for horizontal line arrays is significantly affected by: 

- the choice of normalization technique. 

- the geoacoustic properties of the bottom/subbottom. 

- the acoustic frequency. 

3. Range/depth side lobes are a significant problem for short horizontal arrays at 

low frequencies. 

4. The DBF ENNPP and M of N tracker show great potential for reducing the 

impact of range/depth side lobes. 

5. MFP with horizontal line arrays shows potential as a means of single heading 

TMA for submarines operating in shallow water. 

B. RECOMMENDATIONS 

1. Environmental inputs are very important to the success of MFP. Therefore, 

greater attention must be given to modeling the environment, especially 

geoacoustic properties, in potential shallow water areas of interest. 
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2. Horizontal line array data sets are required in shallow water to conduct further 

tests of the MFP algorithm. 

3. Integrated plane wave - MFP beamformers should be considered for use in 

shallow water to cover all frequencies of interest. 
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APPENDIX A. FIM DESCRIPTION 

The Fourier Integral Method (FIM) [Ref. 27-29] is a beamforming method which 

improves the array gain for a line array by weighting the cross sensor pairs as a function 

of the spacing between hydrophones, where the elements with the greatest separation are 

given the greatest weighting. The method is illustrated in Fig. A.l for a 3 element, 

equally spaced line array. The 3x3 signal and noise matrices with CBF are constructed 

from the cross-correlation coefficients of each possible pairing of array elements. The 

array gain (AG) is given by 

AG = i§ M 

where ASG (array signal gain) and ANG (array noise gainj are obtained by summing the 

elements in the appropriate matrix. 

For the matrices shown in Fig. A. 1(b), the FIM AG enhancement is the result of 

dividing each correlation value by the number of elements in the respective diagonal or 

off diagonal of the matrix. This gives greater weighting to those pairs with the greatest 

separation, thus improving the array gain. The price that is paid for this AG 

enhancement is higher peak side lobe levels; however, the EBF post processing 

algorithms (ENNPP and 3 dimensional M of N tracker) compensate for the higher side 

lobes. 

71 



Signal Noise 
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Figure A.1 Comparison of array gains for a three element 
array with no weighting (a) and FIM (b). 
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APPENDIXE.   SNAP DESCRIPTION 

The SACLANTCEN Normal-Mode Acoustic Propagation Model (SNAP) was 

developed in 1979 by Finn B. Jensen and Melchiorre C. Ferla of the SACLANT ASW 

Research Center, San Bartolomeo, Italy [Ref. 37]. It is a normal mode acoustic model 

intended primarily for a shallow-water ocean environment and designed to provide the 

outputs shown in Table B. 1. 

Field intensity vs. arrival angle 
Contoured transmission loss vs. depth and range 
Contoured transmission loss vs. frequency and range 
Individual mode functions vs. depth 
Phase of acoustic field vs. depth 
Sound speed vs. depth 
Depth-averaged transmission loss vs. frequency 
Depth-averaged transmission loss vs. range 
Transmission loss vs. depth 
Transmission loss vs. range 

Table B.l SNAP Outputs. 

The environment, as shown in Figure B.l, is a half space divided into three layers: 

a water column of depth H0 , a sediment layer of thickness Hi , and a semi-infinite 

subbottom. The sound speeds of the water column and sediment layer, c„(z) and c,(z), 

are allowed to vary arbitrarily with depth, while the densities, p0 and pl , and volume 

attenuations, ß0 and ß,, are held constant over depth. The subbottom is treated as a solid 

with constant shear speed, c2S, shear attenuation, ß2S , compressional speed, c2, density, 

p2, and compressional attenuation, ß2. These environmental parameters are allowed to 

vary with range by dividing the entire range into segments, each with different 

range-independent properties. 
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Figure B.1 SNAP environmental model. 
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