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ABSTRACT

Research in the areas of tracking, signal processing, and system

software is reported. A review of possible tracking techniques

from the area of artificial intelligence was completed, and an ap-

proach selected for further development effort. Signal processing

algorithms for measuring acoustic azimuths were further developed.

Progress with software and hardware development of an acoustic

data acquisition system, which will evolve into an experimental DSN

node, is reported.
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DISTRIBUTED SENSOR NETWORK\S

I. INTRODUCTION AND SUMMARY

I his Semiannual Technical Summary (SATS) for the Distributed Sensor Networks (DSN)
program reports research results for the period t April through 30 September t979. The DSN
program is aimed at developing and extending target surveillance and tracking technology in sys -

tems that employ multiple spatially distributed sensors and processing resources. Such a DSN
would be made up of sensors, data bases, and processors distributed throughout an area and

interconnected by an appropriate digital data communication system. It would serve users who
are also distributed within the area and serviced by the same communication system. The case
of particular interest is when individual sensors cannot view the entire surveillance area and
when they can individually generate only limited information about targets in their field of view.

The working hypothesis of the DSN program is that through suitable netting and distributed pro-
cessing the information from many such sensors can be combined to yield effective and service-
able surveillance systems. Surveillance and tracking of low-flying aircraft, including cruise
missiles, using sensors that individually have limited capabilities and limited fields of view,
has been selected to develop and evaluate DSN concepts in the light of a specific system problem.
The research plan is to investigate these concepts and to develop a test bed and demonstration

system.

Progress and results obtained during this reporting period are summarized here and pre-
sented in greater detail in subsequent sections of this report. Major topics covered include

tracking methodology, acoustic array processing, software design and development, and hard-
ware development for an initial experimental DSN node.

The first experimental DSN will make use of multiple small acoustic arrays to detect and

track low-flying aircraft. Each node will make acoustic azimuth measurements and extract
other target signatures. The tracking problem is how to use such multiple-site information for
locating and tracking low-flying aircraft. The problem has been reviewed, and it has been noted
that it is characterized by there being many possible interpretations of observational data and

that the believability of various interpretations can vary a great deal. A review of techniques
used in the area of artificial intelligence was completed, and a methodology, the Hearsay Meth-
odology, was identified which might be adapted to the DSN tracking problem. List-processing
software, important for the Hearsay approach, has been developed, and exploratory program-
ming experiments conducted to verify that this software, in conjunction with the C programming

language, will be a useful tool for further work in this area.
Frequency domain beamforming techniques continue to be the array processing methods we

plan to use in all initial experiments. We have further decided that, because of its better res-
olution and suppression of false targets, the Maximum Likelihood Method will be the specific
method to use. A review of that technique is included in this report along with progress in the
selection of the proper algorithm parameter settings. The main parameters are the time inter-
val to be used for analysis, the frequency resolution, and the stability of spectral estimates.
In support of this, we developed software for simulating acoustic signals at arrays. The sim-
ulation is based upon autoregressive modeling of the signals.
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Considerable progress was made in the area of software development during this reporting

period. The design and coding of a real-time kernel for data acquisition was completed, and

testing and debugging is about to start. This software will support acoustic data acquisition in

the near future and will be extended to support real-time multiple-node tracking in the coming

year. A\ctual data acquisition software has been designed and coding will begin shortly. Cur-

rently the PDP- 11/34, which is the basis of the data acquisition node, is connected to our

PDP- f 1/70 software development machine via a 9600-baud teletype connection. A simple down-

loading, dumping, and debug software package has been developed for that configuration and will

also be used when the two machines are separated and interconnected by telephone lines.

The PDP- 11/34 and all other hardware for the data acquisition node have been acquired and

integrated in the laboratory. Testing and checkout is continuing.
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II. TARIGET TA('KING

The experimental DSN system that we are planning to deploy will use acoustic sensors ti)

detect and track low-flying aircraft. Each node will use an array of microphones to determine

the direction of arrival of the sound waves at that node. Azimuths measured hy the different

nodes will then be combined to determine the locations and tracks of the aircraft. The following

sections describe some of the problems encountered in performing acoustic location and track-

ing of aircraft, and discuss the selection of an approach for solving these problems. In addit]:n.

it describes the selection of a programming language, development of a list-processing sub-

routine package, and the current state of our tracking algorithm development. The emphasis

here is upon the possible application of Artificial Intelligence approaches to the acquisition and

tracking problems. Similar problems also exist and solution techniques have been developed

for acquisition and tracking in the more classical radar system context. We plan to incorporate

classical approaches as appropriate but the emphasis presented here is upon a viewpoint which

is not the classical one. In some of the following, the ideas discussed are very similar to

classical approaches but the viewpoint is substantially different.

A. SUMMARY OF THE PROBLEM

From our signal processing algorithms we can obtain power as a function of azimuth of the

sound waves arriving at a microphone array for a number of elevations and frequencies. These

data can be available on the order of once a second with a delay from real time which is also on

the order of once a second. The problem is to determine target locations and tracks from the

observations taken at multiple sites.

We can plot power as a function of azimuth and normalized wavenumber as shown in Fig. lI-1,

where the normalized wavenumber is the wavenumber (radians per meter) parallel to the surface

of the array, of a wave arriving from some elevation divided by the wavenumber of a horizontal

wave at the same frequency with some nominal sound velocity. The radius from the center of

the graph represents the normalized wavenumber, and the azimuth is represented by the angle

from the axis. A value of unity for k indicates that the sound wave is coming in horizontally,

i.e., that the target is on the horizon. A value of k of zero implies that the target is overhead.

Fig. I1-t. Iso power contours
on a power vs azimuth and
normalized wavenumber map.

3UNIT CIRCLE
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Fig. 11-2. Power vs azimuth Fig. 11-3. ISO power contours
around the unit circle, recorded during an A-7 jet

flyby at Fort Huachuca, fre-
quency = 50 Hz.

Fig. 11-4. IS0 power contours Fig. 11-5. Iso power contours
recorded during an A-7 jet recorded during an A-7 jet
flyby at Fort Huachuca, fre- flyby at Fort Huachuca, fre-
quency =60 Hz. quency =75 Hz.
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F-igure I1-t is a contour plot and has a number of peaks. Ea( h of these peaks uorr'uspo si

to a possible target. Ily determining the azimuths of these peaks. ,%e can determine the possi -

ble angles of arrival of the sound waves. It should be noted that niot all the peaks lie o!: the unit

circle. Some are inside. indicating target elevation above the horizon. Some are outside, iridi-

rating that our assumed value for sound velocity was in error.

We expect low-flying aircraft to first appear close to the horizon. b" looking at plots of

power around the unit circle, as shown in Fig. 11-2, we expect to find a significant maxima at ar,

azimuth close to that of the true peak. Selecting each of these maxima, we can then find the

peak to which it belongs by searching for the closest maxima in the full power map.

The different frequencies contain separate and potentially useful information. F.or example.

Figs. 11-3 to -6 show that power maps for an A-7 jet recorded at Fort Iluachuca. tSee Ilefs. I

and 2 for details of this experiment.) In these figures, other interfering sources of sound are

clearly delineated at some frequencies and not at others. One of tile problems that requires

further research is how to select the frequencies at which to analyze the data.

When we have determined the azimuths of wave arrival at multiple sites, the problem re-

mains of how to correlate these to find target locations. The first step is to form azimuth

tracks vs time for each peak. at each site, as shown in Fig. 11-7. We can translate these azi-

muth tracks to a curve of possible loci for the target at some time in the past r. as shown ill

Fig. 11-8. We make use of the fact that the sound emanating at T will travel C meters in one

second, where C is the velocity of sound (approximately 330 m/sec). If the target was C

meters away at T, then its sound would arrive at T + 1 for which we have recorded the azi-

muth 0 . Thus, we have a possible location for the target at time T, which is C meters away

at an azimuth e 1. Alternately, the target could have been 2C meters away when the sound

would have arrived at T + 2, for which we have recorded E2 . By applying this technique for

all possible times between T and the present, we are able to generate the locus of possible

positions of the target at time T as shown in Fig. 11-8.

If we form these loci at two nodes for the time T, we can determine the location of a single

target by determining the intersection of the curves (Fig. 11-9). Repeating this procedure for a

sequence of times, we obtain a sequence of target locations which can be associated together to

form a track. This method was presented in detail in our 31 March 1978 SATS.

For a single well-defined target, this location and tracking procedure would appear to have

no problems. However, if we have multiple peaks then several problems arise. First there is
the problem of associating peaks with azimuth tracks. With many peaks, a particular peak

may seem to belong to more than one track, and also the tracks may cross over as shown in

Fig. 1I-10(a). This results in ambiguities in possible loci and hence in the resultant positions

and tracks. Another problem occurs when we have well-defined azimuth tracks but the exis-

tence of multiple-target loci at two sites results in ghost targets as shown in Fig. 1-10(b). In

this figure, we show two nodes, along with their possible location curves for each of three tar-
gets. It is apparent that there are nine possible target locations resulting from'the intersects.

Three of these are real, and six are ghosts.
In resolving these ambiguities, we need to make use of knowledge, such as prior observa-

tions from other sites, knowledge of the frequency spectra observed at each site, and knowledge
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Fig. [[-6. Iso power contours
recorded during an A-7 jet
flby at Fort IHuachuca, fre-
quency 100 liz.

T T+I T+2 T+3 NOW

TIME

Fig. II-7. Azimuth vs time for a single target.
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/ LOCUS OF POSSIBLE
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I E
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NODE

Fig. 11-8. Possible location curve derived from azimuth vs time curve.
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A literature review of various AI methodologies has been completed with the intention of

selecting one for further development and evaluation. The requirements for the methodology

were that it should be able to:

(I) I)evelop competing hypotheses from a, ambiguous set of data.

(2) Ifave a framework for combining and evaluating competing hypotheses.

(3) lie selective in hypothesis generation and elimination so as to keep the

data space for hypotheses within the available limits of physical memory.

(4) Be selective as to the computer processing performed so as to keep the

processing power required within the bound of that available in real time.

(5) Be suitable for distribution over multiple processors with limited com-

munications bandwidth between them.

The methodology chosen for preliminary implementation and further evaluation was that

embodied in the Hearsay speech recognition program (Refs. 3-13) and which has become known

as the Hearsay methodology. This methodology was the only one that met all of the above re-

quirements and, while needing further research into its use for real time and continuous hy-

pothesis space applications, appears to be an excellent starting point for DSN.

The basic elements of a Hearsay structure are Knowledge Sources (KSs) that generate,

strengthen, or weaken hypotheses; a Blackboard on which to record the state of the hypotheses;

a Scheduler to schedule the running of the Knowledge Sources; and a Pruner to eliminate weak

hypotheses so as to keep the number of hypotheses being processed to within the number that

can fit within the available memory.

Some possible Knowledge Sources within a DSN context are:

(1) Peak picker - generates hypotheses as to azimuths of arrival of sound

from different sources.

(2) Azimuth track associator - associates peaks with existing azimuth tracks.

(3) Azimuth track initiator - initiates new azimuth track hypotheses.

(4) Locator - hypothesizes possible location from direct and communicated

azimuth tracks.

(5) Spatial tracker - associates locations with existing spatial tracks and

modifies and strengthens track hypotheses based on these updates.

(6) Spatial track initiator - initiates new spatial tracks based on residual

locations not used by tracker.

(7) Spectral correlator - weakens or strengthens location and track hypoth-

eses based on spectral content correlations.

(8) Motion correlator - weakens or strengthens hypotheses based upon target

motion being close to that expected for targets of interest.

(9) Peak to Spatial Track correlator - strengthens or weakens spatial-tracks

based on recently detected peaks for which no corresponding information

has yet been received from other nodes.

8
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""he Blackboard is the data structure on which each of the knowledge sources operate. In

I)SN, there will be a Blackboard in each node and this will contain that node's hypotheses as to

the state of the environment. These hypotheses will be different for each node. Each Knowledge

Source is a task that runs in a computer and communicates only with the Blackboard. Hence

new KS tasks can be added, or old ones modified, without affecting any other KSs. This is very

important in I)SN where much work needs to be done in the development of the KSs, and where

different KSs will be developed by different people.

Some Knowledge Sources will take local data and generate local hypotheses or modify them.

Other KSs will take incoming communicated data and use them to modify the Blackboard state,

by creating new hypotheses or adding to or weakening existing hypotheses. By this mechanism,

both local and communicated data can be used in formulating hypotheses. However, by using

separate KSs for communicated data, we can introduce the element of believability based on the

source of the data. This prevents one node from overwhelming another, even in the presence

of a malfunction.

The Pruner is a special KS whose function is to eliminate weak hypotheses. This regulates

the size of the Blackboard to be within the amount of available memory. There are two ways of

eliminating hypotheses, first by simply deleting them and second by combining them with other

hypotheses thereby strengthening the remaining hypotheses.

The function of the Scheduler is to select which KS to run. There is only a limited amount

of computing power available, and it is important that the Scheduler run those KSs that will pro-

duce optimum results. By its choice of KSs to run, the Scheduler can force attention to be devoted

to tracking existing targets or to the generation of new target hypotheses. In addition, we may

need some focusing mechanism that will cause the Knowledge Sources to focus on some spatial

sector or some designated target. Also different Knowledge Sources can have different abilities

to resolve hypothesis conflicts and the Scheduler will ultimately have to take this into account.

In addition to the hypotheses, KSs, Scheduler, and Pruner, we need yet another function for

DSN, that of the Communicator. The Communicator is a specialized KS that looks at the current

state of the Blackboard and decides what data it should communicate. The available communica-

tions bandwidth is limited so that the Communicator must be selective as to what is communicated.

It must work at all levels of hypothesis, not just at the top level which is normally of interest to

system users.

The hypotheses themselves are built upon hypotheses or on measured data as shown in

Fig. 1I-11. Each hypothesis has a certain strength. This is determined by the strength of its

SPATIAL TRACK HYPOTHESES

LOCATION HYPOTHESES

AZIMUTH TRACK
HYPOTHESES

PEAK HYPOTHESES

OATA

Fig. 11-11. Hypothesis structure.
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supporting hypotheses and the strength of the supporting link. These strengths may be deter-

mined statistically or purely heuristically dependent on the KS doing the evaluation. It is im-

portant that the strengths are on a comparable basis, such that the best of the competing hy-

potheses can be selected.

In selecting the final results to present to a user, we cannot say that one spatial track exists

and another does not. We can only state that one is more likely to exist than another, and pro-

vide a measure of how much more likely. This measure is a combination of all the clues in-

corporated into the result, through the hypothesis structure.

In applying this type of methodology to DSN. one has to be aware of the real-time nature of

the problem. New data are continuously being generated. These data are more valuable in that

they are more up to date than old data. Hience, we must continuously degrade the strength of our

hypotheses as their supporting data grow old. In this way, hypotheses that are not continuously

being reinforced with new data will die out and be eliminated by the Pruner.

SCHEOULER KsBAKSADBCBOR

Fig. 11-12. Top-level node software structure.

The resultant structure for tracking software is shown in Fig. 11-1Z for multiple nodes.

Each node has a common data structure (the Blackboard), and multiple tasks (KSs) to be run

under the control of a Scheduler. The tasks are independent and only communicate internally

through the common data structure. External communications is handled through a single task

(the Communicator) which talks to tasks (KSs) in other nodes. A detailed examination of this

structure reveals that it is in line with modern software engineering concepts. In reality, most

of the Hearsay methodology is based on common sense reasoning. However, by placing it into

a formal framework we can consider the constituent parts without having to consider the whole

as one huge problem in heuristic programming.

C. PROGRAMMING LANGUAGE SELECTION

When developing software, the selection of a programming language is very important. In

a real-time environment with some highly mathematical determinators of hypothesis support

levels, the appropriate selection is extremely important. With the Hearsay structure, the

Blackboard consists of lists of hypotheses that have lists of attributes and lists of supports.

These may themselves be elements of lists. Hence, it is highly desirable to use a language

that has good list processing capabilities.

toA





I ig. Il-I i. I.ocation hypotheses
for two parallel aircraft tracks,

it a Seititnt t- of four t.iones. In forming tracks, we could hypothesize a track A('I 'G or ADI-A

ai;,i so fortm. Simply trying to form every possible hypothesis and eliminating them later is riot
a gzoo)d ia. Instead, the alternative is to fit the new data to existing tracks, and to modify the

tra ks to fit the data. [his eliminates the problem of hypothesis explosion, but leaves unan-
swered the problem of acquisition of new targets. The most promising solution seems to be the
following. I trst analyze the data in terms of existing hypotheses and strengthen the hypotheses

,Ahe, appropriate. 'hen evaluate residual data to see if there are any potential new tracks and

initiate tnew t'a( ks where appropriate. The notion is to treat targets as one if you cannot differ-

entiate bet%ven them clearly. [his is a common approach to acquisition and tracking and is the

initial approach to he investigated for the DSN.

'here will be a number of spatially stationary sources of noise. It should he possible. once

haing determined that they are stationary, to eliminate these directly from the lowest level of

hypothen;is formulation. [hat is, a highly confirmed hypothesis can be used to eliminate data on

input. It niav also be possible to use measurements of the spectrum of the stationary source to

choose frequencies with low noise for the purpose of searching for other targets.

Fig. 11-14. Location ambiguity F
resolution based on spectral
discrimination. Fe

F 1

Noot A OOT

Two major questions to be investigated are how to use spectra and motion as target dis-

criminators. It is apparent that if we have two azimuth tracks observed from two sites we can

potentially use spectral discrimination as shown in Fig. 1-14. Here, if one target has a strong

spectral response at F1 and the other at FZ. then we can determine the true locations from the

ghosts. This is complicated by the fact that the spectrum emitted from an aircraft varies with

attitude and that the observed spectra vary with speed and distance. Nevertheless, we can prob-

ably strengthen or weaken hypotheses based on spectral discrimination. The question of target

discrimination based on the reasonableness of observed target motions is currently being

investigated.
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If we make

d12 'os C d 2 5 ,os + ( S34 Coso
r i = td 1 2 + td, 3 + t( 3 4  C

d23 coos + d34 cos o
T) =dZ 3 +td 3 4 - C

T 3 =td 3 
= d 3 4  cos 0

T3 :t34 C

T4=0

where the tdjk are selected based on the assumed angle :, then all the components from the

wave will add in phase and the output will be maximized. At angles other than that for which

the delays are set, components of the wave will be out of phase and the average output power

will be lessened. For a single incident wave, we can determine the angle of arrival by adjust-

ing the values of T i to look at each angle of possible arrival and then select the angle with maxi-

mum power amplitude. When there is more than one incident wave, there is the possibility of

confusion as the response due to wave i when looking in the direction of wave 2 will, in gen-

eral, be non-zero.

The output contains components for all the frequencies in the incident waves. To assist in

discriminating between the incident waves, it is advantageous to separate out the frequencies

in the waves. We could do this by Fourier analyzing the time series out of the summer for each

selected azimuth before calculating the power components.

The analysis procedure can be considered in a different way in which time delays are re-

placed by phase shifts. This modified procedure is referred to as frequency-domain beam-

forming analysis. For frequency-domain beamforming, we would prefilter the acoustic signals

to a narrow frequency band of interest, sum the components at a particular frequency, after

phase shifting an appropriate amount, and determine the average power, as shown in Fig. 111-4.

*WAVE
1 4 MICROPHONES

F F F F NARROW-BAND FILTERS

*I C02 03 04 PHASE SHIFTS

FOR
EACH

FREQUENCY SUMMER

AVERAGE POWER DETECTOR

Fig. III-4. Frequency domain beamforming.
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If \e make

2-D
"X cos1o(d 2 +d 2 3  d 3 4 -f

Q2 cos o(d2 3  d3 4 ) 2rfT 2

a3 = 2-r cos o(d 3 4 ) 2rfT 3

a4 = 
0 = 2,rfT 4

where A = C/f, C is the velocity of sound, and f is the frequency, then the signals will add in

phase.

For waves incident at angles other than the look angle for which the alphas have been set,

the power output is less, due to the signals being out of phase. Hence, as in the time-domain

case, we could find the angle of incidence by evaluating the power at different look angles to

find the maximum.

Simple frequency-domain beaxnforming works for a single incident wave. However. when

there are multiple waves impinging on the array there is the possibility of confusion. The array

response, when the phase shifts are set for a particular look angle, vs true angle of arrival, is

a function such as is shown in Fig. 111-5. The response as a function of azimuth is called the

beam pattern. The look angle can be moved in azimuth by changing the phase shifts.

z
0

4 LOOK
ANGLE

AZIMUTH

Fig. 111-5. Beam pattern for array with simple beamforming.

The first sidelobes are normally not very far down from the peak response. Hence, a

strong signal in the direction of a sidelobe would give an apparent output at the look angle, even

if nothing were there. In a DSN, we are trying to acquire aircraft when they are far away in

the presence of closer and therefore louder sounds. In this environment, the confusion caused

by the sidelobe effects can be great. Hence, it is necessary to use more sophisticated beam-

forming techniques.

The more sophisticated technique selected for the initial DSN experiments is the Maximum

Likelihood Method. This method is a frequency-domain beamforming technique wherein phase

and amplitude weights are applied to the frequency components of the microphone signals in

such a way as to steer the nulls of the beam pattern into the directions of the interfering sound

sources as shown in Fig. 111-6.
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DIRECTIONS OF INTERFERING
SOUND SOURCES INDICATED

z BY ARROWS

LOOK

< ANGLE

AZIMUTH

Fig. 111-6. Beam pattern for array with adaptive bearnforming.

This is done for each look angle and frequency and results in a computationallY feasible

technique that has good discrimination between adjacent sources of sound.

3. Frequency Domain Beamforming and Maximum Likelihood Method Algorithms

The preceding discussion gave a physical interpretation to the ideas of directional measure-

ments using time-domain beamforming and frequency -domain beamforming, including the Maxi-

mum Likelihood Method of frequency -domain beamforming analysis. Here we quickly review

the basic ideas of the actual algorithms which are being used.

Consider an array of N microphones located in the hori-ontal plane. For that array of

microphones and a frequency f. we can define a steering vector E with elements

E =e(-iZr/k) V. 1i
E.=e

where v is a two-dimensional vector in the horizontal plane and i. is the two-dimensional vector

location of the jth microphone in the horizontal plane relative to the center of the array. The

vector i7 is the projection into the horizontal plane of a three-dimensional unit vector pointing

in the direction from the source to the center of the array. This is all a simple generalization

of the linear-array phase shifts for planar arrays in three-dimensional space. We refer to .

which has a maximum length of unity, as a normalized wavenumber. We also define the spectral

covariance matrix K. This matrix is a function of frequency, and the i, j element at frequency f

is the cross-power spectral density between channels i and j. As a frequency function, the i, j

element is the Fourier transform of the cross-correlation between channels i and j.

Consider the procedure indicated in Fig. 111-4. If the averaging time of the power detector

goes to infinity and the bandwidths of the filters go to zero, the output of the detector goes to

P 2H HK2.
ave

If the value of K were known and the signals of interest did not change their statistical proper-

ties as a function of time, then the above equation could be used to scan frequency and direction

space to determine power as a function of those two parameters. However, K is not known and

the statistics of the sound field change in tixne. The solution is to consider a small time interval

of observations which can be used to estimate K and also to make the interval small enough so

that the processes can be considered stationary over the time interval. The above equation is
A

then used to search for power sources but now using an estimate K of K rather than the true

value.
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To this end, a first-order time series simulator adequate for stationary sources with arbi-

trary autoregressive (AR) spectra in uncorrelated white Gaussian noise was developed. The

AR models can be arbitrarily specified by the user or can be developed from real data using

the "Yule-Walker" or "Autocorrelation" method of all-pole model fitting. This procedure was

chosen as a result of the guaranteed stability of the model it generated. Time series are simu-

lated hv driving the AR model with white Gaussian noise and delaying the sequence stored for

each channel consistent with the array geometry and the source location in space with respect

to the array. Because of the sampled nature of the time series, this "steering" entails an in-

tciral num'er of sample delays and no effort for precise delays via allpass linear phase filters

has been implemented. The effect of this inattention to detail is to introduce into the similation

the errors resulting from sensor location uncertainties.

After several source sequences are generated, these can be combined with arbitrary ampli-

tude and time relationships. Thus nonstationary data sequences can be simulated. Finally. the

appropriate level of spatially uncorrelated white Gaussian noise can be added to simulate the

sensor noise. The remaining gaps in the simulation software regard source movement and its

attendant Doppler shifts, and the amplitude fading characteristics of the acoustic propagation

channel. These lead to increasingly nonstationary received sequences.

This set of simulation and analysis software has been used to help obtain a number of prac-

tical results:

(i) Bandwidth considerations in the front-end frequency analysis processor

were quantified, and the results of windowing the time-series data were

determined. The decrease in spatial processing resolution as a function

of spectral leakage on broadband sources was found to be in agreement

with theoretical predictions.

(2) The decreases in performance and biases introduced in the output of the

spatial processor due to sensor location uncertainty were observed.

(3) The ability to arbitrarily locate broadband sources allowed the determina-

tion of resolution characteristics for a particular array as a function of

SNR and frequency.

(4) Theoretical results regarding the statistical characteristics of the

spectral coherence matrix as a function of the amount of averaging

and the underlying ensemble statistics of the data were verified.

(5) Confidence in the acoustic node as a viable detection and bearing estima-

tion method was increased.

It should be noted that the simulation software discussed here adheres to time-series storage

standards independently developed and used for the DARPA Vela project at Lincoln Laboratory.

By doing this, we have been able to make a great deal of use of existing display and data manipu-

lation tools which have been developed for other than DSN purposes.
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b. Record Commands

After the operator has set up DAS, recording may begin. The command "start" causes DAS

to enter record mode and to record data (with sample rates, etc., as specified in the setup com-

mands). Recording will continue until the command "stop" is given.

c. Display Commands.

At any time after setup, display commands may be issued to visually check system activity.

Again, a typical sequence after recording has begun might be as follows:

status Prints status of all hardware devices.

snapad Prints a buffer of data from the A/D
converter.

power Prints power levels on each channel.

disp i Displays waveform data on channel 1.

^c Stops display.

d. Tape Positioning Commands

This class of commands allow the tape to be positioned and examined. They may only be

issued to a drive which is not under direct control of the recording process. Examples of these

commands are:

drive 0 Assign tape drive 0 as the current
tape drive.

file 3 Go to beginning of file 3.

rewind Rewind tape drive.

2. DAS Design

The internal structure of DAS is simple. DAS consists of two processes running under

DAK: (a) A user interface process which monitors the operator's console and interprets opera-
tor commands and (b) a recording process to supervise data flow from the A/D server to the

magnetic tape server. The two processes communicate and cooperate via command queues and

queueable command objects. More details of the interprocess communication mechanisms and

queueable objects are given in Section IV-B of this SATS.

The following is a simplified description of the interaction between the two processes.

When the user console process receives the start command, several things happen. First, the

console process uses DAK to write a file header on the magnetic tape. Second, a start command

object is constructed and sent to the recording process' command queue. Receipt is acknowl-

edged. The console process can then return to interpreting further operator commands (e.g.,

"display" and "stop"). The recording process will record data until forced to halt by a stop

command.

The recording process is responsible for receiving A/D buffers sent by the A/D server,

copying data from full A/D buffers to empty magnetic tape buffers, sending full magnetic tape

buffers to the magnetic tape server, and requeueing empty A/D buffers on the A/D server. The

recording process also monitors tape-drive switching and will (when commanded by the user
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interfact') format and buffer N/ D data fo I teletVpe or 9 raphIc S output. The recor iuL, po ,

uitist il so mon itot its owvn ( Onmand queue and a( knowlede commands Sent to It hN the UsCtr

interfa I- pro,. ess. A 1ore dtet.il .d description of the re'ordinc server is contaited In St -

tion IR'- R wherce it is used to illustratc the interprok ess onimui'ication setvices ini I).AK.

H. TiH I1) \T.\ ACQIISITION 1KIR:IN EL

Tht )ata \( qusition )-trnel (1)\K) is designed to suppo-k the IData Acquisition System ([)ASi

whic'h will ht, used for ac'quiring singlv-node data early in FY 80. An einhan~cd version of I).\h

will support all l)SN node software to be developed in FY 80.

\s of 30 September 1979. DA- consists of 8,000 lines of code and 2,000 lines of short-form

do umt-itation. The ( od_ has been wktritten, desk-checked, rewritten, and re-desk-checked, and

testing and dlehu ging art under way. The load and dump facilities which arc described in Sec-

tion IV- C of this S\TS and which are needed for debugging are now becoming available for use.

The philosophy of 1)-\K has been to build a real-time system that makes it easy to build

small but sophisticated ,erver processes. The reason for doing this is that a large portion of

DSN software is being organized as servers which respond directly to requests. For example,

the Data Acquisition System contains a recording server which does the actual work of record-

ing data from the A/D converter to magnetic tape. Later this server will be expanded to copy

data from the A/D to the array processor in a DSN node. We expect array processing software

to be organized as a server that receives buffers full of data and computation requests and re-

turns buffers full of processed results. Servers are also needed to load and dump memory,

and to monitor the system,

Another part of the DAK philosophy has been to use more "core" memory in order to sub-

stantially decrease the cost of writing complex code. The economic basis for this philosophy is

the decrease in memory prices by a factor of 4 in the last three years, the projected continua-

tion of this trend, and the potential for increased programmer productivity when less constrained

by memory limitations.

DAK is also a first step towards the development of a real-time network kernel. By a net-

work kernel we mean a multicomputer distributed operating system kernel that includes proces-

sor schedulers, "core" memory managers, and communications servers, but not I/O servers

or file system managers, and that allows real-time operating systems and standard operating

systems to be built on top of it. Principal characteristics of such a kernel are that network

communications are built into the system at a lower level than the I/O servers, that I/O servers

are on a par with user processes and use the network communications to communicate with user

processes, and all interprocess communication is through a network that behaves something

like a FIFO of nontrivial length and delay.

DAK currently is designed to operate on a single computer in a single virtual address space.

We are examining conceptual problems of interprocess communication without the need to con-

front problems of throughput, lost messages, and communication errors which will complicate

the issue in distributed systems. The interprocess communication scheme in DAK is based on

queueable objects which combine the attributes of messages, asynchronous procedure calls, and

shared data structures. This communication scheme is easier to use than one based on simple

byte stream FIFOs or message passing, and is better adapted to overcoming the reliability and

buffer management problems which will need to be faced in a distributed environment with less

than perfect communications. DAK, somewhat enhanced, will be sufficient for our initial DSN
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fvasibility exp criitntS IrId denonst rat ions. We are undertaking the design of a second-

Kerrration systin whi, 11 would ht, t ruV multi on nuter distributed sy stem. This second-

veneration svstvtm will both support advanced signal pro( essing and multisite tracking rsear, Ih

and represent a serious investigation of basic issues of interprocess communication in a dis-

tI rrhurt'( t'11ir1Orlrllt1Iit.

1. ('od inta. ' ilit l 's

Wke h, t. a tt 'rnpt,.d Ito in,kc the coding of complex servers easier in DAN than in most optc-

,tln systens, . First. 'Al cod can be wr'itten in C', which is a proven productive higher level

proi2ramyninig la'wuat', In addition, we have augmented C with an object-structured progran;-

ming discipline !iupportcd by a few macros and subroutines. With this system, we have been

able to hring to C many of the advantages of languages which more explicitly support object-

structured programming, such as SIMULA 67 (Ref. 1), ('LU (Ref. 2), and ECL, (Ref. 3). Last,

we have implemented a process scheduler that provides nice features for constructing servers.

a. Object-Stru, tured Discipline

Our object-structured discipline is largely a notation for writing programs and short-form

documentation. The short-form documentation consists mostly of formalized descriptions of

the objects used or defined by a software module and services it will provide. Each module gen-

erally defines one, and occasionally two or three, new kinds of objects and the operations which

can be performed on those objects. In our short-form documentation, statements, subroutine

calls, and expression are all written as users would write them, subject to parameter replace-

ment. Detailed descriptions and discussions of the notation, documentation format, and sug-

gested programming techniques are available within our computer system.

The notation, documentation, and programming techniques largely deal with typed structured

objects, which are structures whose first word is a type constant that specifies at run time the

type of the structure. For example, there are queueable objects and queues, both of which are

typed structured objects. We also make extensive use of typed structured object variables

which are not structures themselves but are pointers to structures.

Allocation of objects to memory at run time is done by functions such as oblocal and

obglobal for the local-procedure-call-stack and global-shared-among-everyone stack, respec-

tively. For load time allocation, and allocation as elements of other structures, macros such

as qu-alloc (to allocate a queue in this case) are used and, after allocation, the ob.init state-

ment is used to zero the object. Qu..alloc and ob-init are both examples of generic functions of

the form xx-alloc and xx-init which take on slightly different forms for different kinds of objects.

Another example is pc.alloc which allocates a process at load time.

b. Processes in DAK

The following describes DAK processes with emphasis on how they differ from those of

other operating systems. DAK processes are typed structured objects allocated and initialized

in the manner usual for such objects by macros and functions such as pc-alloc and pc-init.

The process scheduler is an eight-priority-level scheduler based on the PDP-i1 hardware.

Priority levels are specialized numbers, called plevels, storable in pLlevel variables. The

priority levels are numbered from 0 through 7, with 7 being the highest priority, and the re-

spective plevel values being pl-value(0) through pl-value(7). The macros pLraise and pLlower

raise and lower priority. These macros include careful checks to verify priority lcvel changes.
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a. QuUUeable Objects

Th, )A quvueable object communication system is designed to support device servers

such as those found in operating systems, plus more complex servers likely to be found in a

I)SN. \ queueable object is like a message which is typically (but not necessarily) sent to

another process, modified by that process, and returned to the originating process. Following

is a des( ription of some of the major elements of queueable objects and of the major functions

supplied to operzte with them for inter-process communication.

Each queueable object has a qu-status element for common status flags, a qu-option element

for common options, a qu.-'me element for giving the object a name (primarily for error diag-

nostit purposes), and a quserver element for associating the object with a server's queue.

The qu-retq and qu-done functions set the object so that when it is returned by the server it will

either be put ,n a designated "done queue" or merely pc.start the user process. The qu.send

function sends a. object to its qu-server queue.

Server processes own server queues upon which user processes queue objects that are ef-

fectivelv requests. The server process pcwait's for the qu._first element of one of its input

queues to become non-zero. It then processes the element and qu return's it to the user. If the

user has preset the object via the qu-retq function before sending it to the server, the object

will be returned on a user specified "done queue,, and the user can merely pc.wait until the

qu-first element of that queue becomes non-zero. Alternatively, the user can pc.wait till

qu-done for the object returns non-zero.

Queues have associated priority levels, which are set by default to priority level 6. A queue
cannot be accessed by a process whose current priority level is above that of the queue. Some

of the qu module routines raise priority level internally to that of the queue, and disable inter-

rupts at that level for about 100 usec. Because the A/D converter hardware requires that pri-

ority level 7 not be locked out for such a long period, queues are not usable by priority level 7

processes.

Each queue is intended to have an owning process, qu-process. Other processes may place

elements on the queue via qu-enq or qu.send, but only the owning process may do anything with

elements already on the queue; except that the qu.done function may set an object element pri-

vate to the qu module to cause a process to be pc-started when the object is qu-return'ed.

Each object in DAK is intended to be owned by only one process at a time. The owning pro-
cess may pass the object to another process by quenq'ueueing the object on a queue owned by

the other process. While it is possible to share variables between processes by other means

in DAK, such sharing is discouraged because it would not be usable in a distributed system.

Servers are expected to provide modules defining the queueable objects accepted by the

server, and provide functions to send these objects to the server. For example, the io module

defines i/0 operation, or ioop, objects, and function calls such as:

ioopen (loop) Open device.

ioclose (ioop) Close device.

ioread (loop, address, size) Read into buffer.

io_wrlte (loop, address, size) Write from buffer.

i._control (loop, address, size) Control using information in buffer.

The Io servers are called devices. Each of the above function calls records the call arguments

and type in the loop and qu-send' s the loop to its qu-server device.
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fri effec t, the queucable obje t sy stcim ,oupled w ith the object- structured dis, ipiI providt,s

tor delaye d, queued, function (ails, with optionallv queued returns. This is a substa tiAl.v ea S-

ier systern to use th:n one providing bare messages or sim ple byte streams. On the other haiid,

the user/server facilities of queueable objects need not be used when a bare nessade servitk is

appropriatc.

An important feature of )AN- is that devices are themselves queueable obje ts and ,nrc passed

rvound among processes. This is the equivalent of passing open files amongst processes n a

distributed processing system.

b. Data Acquisition System Recording Server

The recording server in the Data Acquisition System is a real-time process that copies

data from the A/D converter to a macnetic tape. This server illustrates two important points

about the use of queueable objects.

The recordin server uses two kinds of queueable objects internally: tape buffers and A/D

buffers. A tape-buffer object begins with an 1/0 operation object, or ioop, which is the kind of

object accepted by the tape server as a request to write a buffer as a tape record. The tape

buffer further contains a 4K-byte data buffer and status parameters that specify how full the data

buffer is. Similarly an A/D buffer object begins with an ioop for the A/D device server, and

further contains a ZK-bvte data buffer and status parameters specifying how empty the data buf-

fer is.

The recording server owns a queue of empty tape buffer objects and another queue of full

A/D buffer objects. It waits until both these queues are occupied, and then copies data from the

partly full A/D buffer at the head of its queue to the partly empty tape buffer at the head of its

queue. Whenever an A/D buffer becomes empty, it is sent to the A/D server to be filled, and

whenever a tape buffer becomes full, it is sent to the tape server to be emptied. The A/D ser-

ver passes full A/D buffers back to the recording server's queue of full A/D buffers, and the

tape server passes empty tape buffers back to the recording server's queue of empty tape buf-

fers. The important point is that the queueable objects are complex objects, and are more than

just ioops. Conceptually, it is important in this application to associate an ioop, a data buffer,

and extra status parameters as a single queueable object that is passed as a whole to various

processes, even though some of these processes may not use the whole object.

The second point illustrated by the recording server is that server protocols are often not

completely sequential. The recording server owns a third queue upon which it receives com-

mands from its user. There are commands to start and stop the recording activity, and also a

command to send the user a snapshot of current A/D data, possibly while recording is in pro-

gress. The start command object is returned to the user when the recording is initiated, in

order to inform the user that recording has begun. In order for the user to find out when record-

ing stops, the user must use a special wait-for-stop command, which is not returned until record-

ing stops. If a wait-for-stop command is used before snapshot commands, the wait-for-stop

command is often returned after the snapshot commands, and thus the recording server does

not always return objects in the same order that it receives them.

3. DAK Device Servers

Many operating systems provide device servers which are either very basic, or which are

not suitable for real-time applications. An example is the magnetic tape driver under DEC RT- II.
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downloaded it, character stream mode. The low-core module is the same size as the I /3, re-mote loader module and thus will overlay it.
A similar sequence of operations is Performed when dumping It/34 memory to an tl170file. Runp restores the low-core part of the dumped file, however. This is especiallv usefulfor diagnostic and debugging applications.
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