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II, SOME THEORETICAL ASPECTS

Consider a simple two-sensor model for estimating time delay, which

is

x(k) = s(k) + nl(k)

y(k) = slk - D()] + n, (k) (L
where k is the time index; x(k) and y(k) denote the sensor outputs; s(k)
is the source signal; nl(k) and nz(k) are zero mean, Gaussian and
mutually uncorrelated random variables; and D(k) is the time-varying
delay function related to the two sensors,

For time delay estimation applications, these two sensor outputs
become the inputs to an adaptive time domain filter, as shown in Fig. 1.
The time-varying delay function D(k) can be estimated by finding the
location of the peak of the adaptive filter coefficient vector [4],
i.e., the location of the peak value of the filter impulse response.

In practice the inputs are sampled. Thus the adaptive filter is
discrete in time, and has finite length. Thus the peak of the impulse
response at a2 given iteration is determined by interpolating between
discrete-time sample points to provide the delay values which are non-

integer multiples of the sampling rate [8]., Thus we have

§3 N sin 278 (n-m) 2)

mP—PS h(m,k) 278 (n-m)

hI(n,k) =

where B denotes normalized bandwidth of the signal and hI(n,k) denotes
the smoothed impulse response value corresponding to the estimated value
ﬂ(m,k) at time n, For adaptive time-varying delay estimation, the
location of the peak of hI(n,k) yields ﬁ{k).

For simulation purposes we need the time-varying delay signal

s[k-D(k)]. It has been shown that this can be obtained via a bank of
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time-invariant finite impulse response FIR filters, whose k-th filter
has the transfer function [7]

H(w,k) = e 4P (k) (3
where w is the radian frequency with Iml < 7, Using (3) and truncating
the filter length, we obtain

P

s(k-D(k)] = J° g(m,k) s(k-m) )

m=P1

where g(m,k) gF_l {H(w,k)} = sinc [m-D(k)], F—l {+} denotes the inverse
Fourier transform, sinc (+) = ij%z—.(% , and (Zpl + 1) is the total

number of coefficients g(m,k). Details of these interpolation and time-

varying delayed signal are discussed in Appendix.



A, ILMS Algorithm
Consider a two-element adaptive filter model which uses a tapped-
delay-line structure to pfovide the adaptive weight adjustment, as shown
in Fig. 2. If H(k) is the column vector of filter weights h(i,]j),
Rxx(k) is the correlation matrix of input signals at time k, and ny(k)
is the cross correlation vector between the received reference signal
x(k) and the primary signal y(k), then the optimum filter weight vector
that minimizes the expected value of ez(k) in Fig. 2 is given by [1]
B = Ry~ (OR(). 5)
Where, H'(k) = [h(-p,,k)...h(0,k)...h(p,,k)].
fhus H(k) is a 2p2+1 vector consisting of the filter weights at time k.,
The error output, e(k) is then
(k) = y(k) - B ()X (k) (6)
where X(k) is input data vector given by
X () = [x(k) x(k-1).....x(k=2p,)]
The LMS algorithm which is an implementation of the steepest
‘descent method [1] updates the weight vector at each k via the relation
H{k+l) = H(k) + pe(k)X(k) (7)
where 1 is a parameter that controls the rate of convergence of the

algorithm,
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B. ASC Algorithm
Consider the real-valued correlated data sequences x(k) and y(k),
where k is the time index. The cross-correlation ny(m) of x(k) and
yk) is
ny(m) = E [x(k) y(k-m)]
= E [s(k) s(k+D-m)] + E [nl(k)nz(k-m)] (8)
where E denotes statistically expectation. Since nl(k) and nz(k) are
independent and zero mean noise sequences, we can show that
ny(m) = Rss(m—n).
The auto-correlation, Rss, has the property that [10]
R0 > [R (@] .
So ny will attain a maximum value at m=D.
If x(k) and y(k) are known only over a finite length of time, the
estimation of R,, @ is [5, 10]
1 N-m
R, (@ = ﬁkzo x() y(etm) , [m| <M 9)
where m i1s the shift index, ny(m) is the desired estimate, M 1s the
maximum shift and N is the number of points in x(k) and y(k).
The basic idea is to estimate ny(m,k) using the ASC algorithm
which is defined as [5,11]
ny(m,k) - BRxY(m,k-l) + (1-8) =x(k) y(k-m)

. B[ny(m,k-—l) - x(k) ykk-m)] + x(k)y(k-m) (10)
where O < B < 1 is a smoothing parameter which detérmines the
convergence rate, |

The recursive equation in (10) can be modeled using the structure

shown in Fig. 3. It consists of a bank of first-order infinite impulse



response (IIR) filters. From (10) we can obtain the transfer function

which related x(k), y(k-m) and ny(m,k) as

1-8

ZL-Bzm1

H(Z) =

If the unit of time is considered to be the iteration cycle, the related
time constant which represents the number of data samples require to
attain its steady-state value for each k is given by [5]

T samples.

.

1-8

If x(k) and y(k) are jointly stationary Gaussian processes, the ASC
algorithm is unbiased [5,10], i.e.,

lim

]

E[ny(k,m)] = ny(m). (11a)

And it has been also shown that

oo {cixyck ,m)} -8 [Rxx(O)Ryy(O) + R};(m)] (11b)
From (11b) it is apparent that the related variance goes zero as B close
to 1 [5].

The ASC algorithm can be used for time display estimation as
depicted in Fig. 4. This is because the time delay function estimate

D(k) can be easily determined from the peak value of the impulse

response function ﬁ(m,k) [4].
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III., SIMULATION DETAILS

The entire computer simulation considered the two sensor model in
(1). The block diagram to generate the pertinent signals is depicted in
Fig. 5, where no(k), nl(k) and n2(k) are mutually uncorrelated real
white Gaussian noise sequences. The sampling frequency was 2048 samples
per second (sps). Two of these sequences were used to represent the
additive noises. The first noise sequence, no(k), was processed through
a pair of tenth-order and second-order Butterworth digital filters to
generate the low-passed and the band-passed source signals, respectively
which had the following characteristics:

1, 0 < £ <100 Hz
lHl(f)I = {D, elsewhere

and

1, 100 < f < 200 Hz
0, elsewhere

5,0 - |
The noise sequences nl(k) and nz(k) were added to the resulting
low-passed and band-passed signals which were used as input data
sequences x(k) and y(k) after having been scaled to realize different
signal-to-noise ratios (SNRs). In this simulation SNRs of -3dB, -10dB,
and -13dB were considered. Note that the SNR is estimated as the ratio
of the total power (variance when mean is zero) of the signal to that of
the noise,

In Fig. 5, D(k) is the time-varying delay parameter which has a
constant or a linearly varying value, A delayed signal s[k-D(k)] was
generated using (4) by truncating the filter length to 61 (i.e., p1=30)
to obtain

30
s[k-D(k)] = m==§30 sine [m-D(k)] s(k-m) (12)

The various parameters pertaining to the simulation are summarized in
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Table 1, where (2pl + 1) is the number of filter weights for generating

time-varying delayed signal in (4); (2p2 + 1) is the number of weights

used for estimating time délay using the LMS and ASC algorithms; and

(2p3 + 1) denotes the number of interpolation points to estimate the

delay which is a non-integer multiple of sampling interval; see (2).

The input data sequences, x(k) and y(k), were processed using the

LMS and ASC algorithms.

A total of 24 trials were used in each case.

Each trial employed 3.9 sec, (8000 data points) to estimate the time

delay parameter, D(k), which had constant or a linearly varying value.

‘Fixed Source

Moving Source

Signal Low Pass Band Pass Low Pass Band Pass
10th order LPF 2nd order BPF 10th order LPF 2nd order BPF
H(z) fc = 100H=z fl = 100Hz fc = 100H=z fl = 100Hz
(cutoff fh = 200Hz fh = 200Hz
fre )]
quency
D(k) 12 12 -4 + 0,001 k -4 + 0,001 k
(S/N)dB -3 <10 -13 -3 =10 <13 -3 =10 -13 -3 =10 ~-13
c§ 0.5 0.1 0.05 0.5 0.1 0.05 0.5 0.1 0.05 0.5 0.1 0.05
2 2
a =g 1 1 1 1 1 1 1 1 1 1 1 1
e R
B=1-qu 0.9999 0.9999 0.999 0.999
2pl + 1 % @ 61 61
2p2 + 1 61 61 21 21
Zpy + 1 10 10 5 5
Table 1. Parameters pertaining to the simulation.
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IV. SIMULATION RESULTS

A. Fixed Source

Here the time delay function D(k) = 12. A total of 8000 data
points were used, and the related parameters that were used are listed
in Table 1. The means and variances associated with the delay estimates
were obtained using 24 trials from 100 resulting measurements of each

trial as follows:

_ ; 100 .
D, = 155 Zl D, (50k + 3001)
and
o 100 . — 9
o5 =55 L [D; (50k+ 3001) - D] (13)
i k=1
for the i-th trial, with
24
- 1 -
D=5 ) D
26 b7
and
24
2 1 = =2
of = 57 121 (0, - D) (14)

where ﬁi(k) denotes the estimated time delay at k-th iteration of the
i-th trial. The corresponding results are summarized in Table 2.
Examination of Table 2 reveals that the mean values of the delay
estimates compare very closely for the LMS and ASC algorithms for low-
pass and band-pass cases, at each of the three SNRs, However, we
observe that the variance of the delay estimate is substantially less

for the ASC method, especially for band-pass signals.
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SIGNAL LOW PASS BAND PASS

SNR -3dB -10dB -13dB -3dB -10dB -13dB

IMS 11.9691 11,9349 11,8743 12,0255 12.0414 11.8744
MEAN

ASC 11.9528 11.9060 11,8601 12.0074 12,0092 12,0226

LMS 0.07629 0.26559 0.69601 0.01249 0.03147 2.70762
VARIANCE

ASC 0.02804 0,18045 0.50993 0.00368 0.01795 0.13169

Table 2, Simulation results for fixed source.
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B. Moving Source

Linearly-varying time delay function D(k) = -4 + 0.001 k. The time
delay function D(k) was increased linearly from -4 to 3.8 over 8000 data
points. Other parameters used for the simulation are listed in Table 1.
The desired delay estimate is given by the value of lag which yields the
peak value of the impulse response ﬂ(m,k); see Fig., 1. This aspect is
illustrated in Fig. 6 which shows the impulse response function ﬁ(m,k)
and its smoothed function hI{n,k) by interpolation at 3000, 5000 and
7000 iterations at a SNR of -3dB and a delay function varying at a 0.001
unit/iteration. It is instructive to observe that the peak values of
the impulse response functions adapt well with time,

The time-varying delay function D(k) was estimated every 50 sample
points from k=3001 to k=8000 for 24 trials. The bias which denotes the
time difference between true delay and estimated delay was considered.
The bias increases with increases in the changes of D(k), and decreases
as the smoothing parameter 8 is decreased [9]. The bias and its

variance were computed as follows:

100
— 1 iy
By, = 755 Z (D(50k + 3001) - D, (50k + 3001))
k=1
for i-th trial, with
24
- i s
B=<- ) B
24 jo1 1
24
1 - =, 2
O= = =— E (B, - B)
-2 b

where D(k) and Di(k) denote true and estimated delay, respectively. The
results for the case of SNR -3, -10, and -13db are summarized in Table

3.
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From Table 3, it is apparent that the LMS method is a smaller bias

for the delay estimate, especially at -3dB. This difference in bias

becomes less significant as the SNR is decreased further,

On the other

hand, the ASC method yields a variance (of the delay estimate) that is

consistently better than that obtained wia the LMS method.

SIGNAL LOW PASS BAND PASS
SNR ~-34dB ~-10dB -13dB -3dB -10dB -13dB
IMS -0.3234 -0.6159 -0.8266 -0.3041 -0.5623 -0,7762
BIAS
ASC -0.9557 -0,9946 -1.0428 -0.8826 -0.8875 -0.9074
LMS 0.24094 0,82397 2.14786 0.,04479 0,13826 1.40289
VARIANCE
ASC 0,08923 0.47559 1.51040 0.02183 0.08932 0.49422
Table 3, Simulation results for moving source.
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V., CONCLUSIONS

We have compared two adaptive methods for estimating time delay
functions between a palir of sensor outputs. The ASC algorithm was found
to significantly reduce the variance of delay estimate and the computa-
tion time for all the cases that were considered. It is straight
foreward to determine the total number of arithmetic operations
(multiplications and additions) required by LMS and ASC algorithms are
6N and 4N, respectively, at every iteration, where N is the number of
welghts. Also, the ASC algorithm gave better results for the fixed
source case when the signals were band-passed. However, when the source
is moving, the bilas between the actual and estimated time delays is more
than for the LMS algorithm. The main advantages of the ASC algorithm
are its computational simplicity and the fact that it consistently

yields time delay estimates which have a smaller variance.
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APPENDIX

A, A Method for Interpolation [Al, A2]

Restriction on the sample spacing arises if we want to reconstruct
the continuous signal x(t) for all time t from its sampled value x(kTs)
for k = 0, 1, 2... Discrete signals which vary slowly enough as
functions of the time can be reconstructed uniquely from their samples
taken at intervals of Ts’ The sampling theorem states that x(t) can be
reconstructed precisely for all t is the sampling rate is fS = %— is at
least twice the signal bandwidth B. Such signals are said to besband-
limited to B Hz which is less than E%_ .

The continuous signal x(t) can b: obtained by passing its sampled

values x(kTs) through an ideal low-pass filter whose bandwidth is B Hz.

21

A general formula for the interpolated signal can be derived by carrying

out the oﬁeration depicted in Fig. A-1 where x(t) denotes the sampled

signal corresponding to the sampled values x(kTs) - i,e., [Al]

=-]

x(t) = ] x(@I) §(t - ol ) | (A.1)

== ==
where §{t) denotes the impulse functiom.

If H(w) is the transfer function of the ideal filter, then

X(w) = H(w)X (o) (A.2)

where X(w) denotes the Fourier transform of x(t).

In the time domain, x(t) is given by

x(t) = [ h(a)x(t-a) da (A.3)

where



x(t)

T] [IWTTT% )

Sample function

22
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Fig. A-1.

-m/T /T

An interpolation scheme

Interpolated function



Using

which

h(t) F_]'{H(m)}

f B@elt 4z

-0

/T

TTI'

=/ e
-m/T

juwt dw

) sinfz% ; b
)

(A.1) and (A.4) we can obtain

o

f h(a) Z x(m) §(t - a - st) da

= ==0

;(t)

o

Z x(mIs) h(t - st)

[}

o sin w(t - mTS)fT
- mz_“ x(st) BT st)/T (A.5)

is the desired result.
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B, A Method for Generating Time-Delayed Signal [Bl, B2]

Consider the signal s(k) and its constant delayed version s(k ~ D).
We can obtain s(k - D) by passing s(k) through a time-invariant filter
whose transfer function is H(w) as
F{s(k = D)} = S(w)H(w) (B.1)
where F{+} denotes the Fourier transform, and w is the radian frequency
with |w| < m,
The time shift property of Fouriler transfer states that
F{s(k - D)} = s(w)e-jwn (B.2)
Thus (B.l) and (B.2) yield
. H{w) = e-ij (B.3)
which implies that the impulse response function of H(w) is
n(k) = F{H(w)}

= F-l{e-jwn}

sinc (k - D), |k| <= (B.4)

where

sin m(*)
m()

Thus, s(k - D) can be obtained by the filter which has infinite

sinc(-) A

number of weights as
[--}

s(k -D) = ] ginc(m - D) s(k - m) (B.5)

m=—x
However, in a practical situatiom the filter length has to be finite.
Since the function s(m - D) in (B.5) approaches zero as |m| increases,
truncation can be carried out to obtain

P

sk -D) = ) sincm - D) s(k - m) (B.6)
m==F
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Now considering the case when the delay function is time-varying.
The the desired delayed signal can be obtained via a bank of time-
invariant filters as shown in Fig., B-1. If the time~varying delay
function is D(k), then the n-th filter has the transfer function
H(w,n) = e-ij(n).

From (B.5) we have

sk = D(n)] = Z h(m,n) s(k - m)
m=..m
[--}
= ] sinc[m - D(n)] s(k - m) (B.7)
M= =00
The desired delay signal is obtained by sampled values of s[k -
D(n)] at k = n for |n| < =; see Fig. B-1.
Substituting n=k in (B.7) and using finite filter weights, we
obtain
R P
slk -~ D) = ] sinc(m - D(k)) s(k - m) (B.8)
m=-P
From (B.8), sinc(m - D(k)), |m| < p can be interpreted as a weighting
function whose maximum value occurs at m = D(k),
Therefore s(k - D(k)] in (B.8) can be viewed as being the output of
the time-varying filter which is generating a time-varying delay signal.

Details of this truncation process are discussed in [B2].
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i :: sinc (3 - D(n))
z 0
\\\\\
b’/,z’ sinc (2 - D(n))
2 .
[~
/’///’ sinc (1 - D(n))
z
s (k) P\\“\‘_l
/ sinc (0 - D(n)) ‘f" s(k - D(n))
-1
: /,/’”' sinc (-1 - D(n))
Z-l .
L~ sinc (-2 - D(n))
-l '
Z
™S
L—~" sinc (-3 - D())

Fig. B-1. Structure for generating delayed signal
when the delay is time varying.
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Computer Programs

Adaptive least mean square (LMS) filter routine
Adaptive short term correlator (ASC) filter routine
Time varying delay signal generator routine

Interpolation subroutine
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P F SIS TSP E TSI TEE S ELE IS SRS TSI SSRGS FES SRS SRS EIIDEL TS SN
:
C GENERAL ADAFTIVE LMS-WIDROW FILTER ROUTINE
g SOURCE FILE NAME LMSTIOE . FR
FROGRAMMER SAMGIL FPARK
OATE JUHE 25,1982

O R R ol SRR ol oo SRR o st SRR R RS R S R HORA R R R  RORCR RROR R R AOR R R

FURFOSE

THIS FROGRAM IMFLEMEMNTS THE WIDROW LMS ALGOLITHM FOR

TIME DELAY ESTIMATION IN FILTER MODE,. INTERFOLATES

THE DISCRETE DATA: AMD OBTAINE THE TRAMSIENT MaAXIMUM
VALUES OF FILTER CREFFICIENTS OR RDUMFE COEFFICIENT ValLUE.

ooOoOoaGonOooooonn

REFERENCE
WINROW ET AL. FROC. IEEE:DEC.197%3

COEF(N+LI=COEF (M) + (ALFHA/VAR) KER (N RREF (N

ROUTINES CALLED BY THIS PROGRAM

OFENW OFENW
AUERY READR
RESET WRITH
INTFL . KB | AFFEND

s o o ol o oo SR oK ool o R s oK ok o R K R KRR KK KK K R ORI SR R OK R OROR HOR R R RO R R ROk K

DESCRIFTION OF I/0 FILES

INFUT! FRIMaRY IMFUT FILE
REFERENCE INFUT FILE

QUTFUT: MAXIMUM YaLUE QUTRUT FILE
COEFFICIENT QUTFUT FILE

“

OO OOOoOoOOCGoOoOOoooOoOooooDooOoooooCcaooonaaoa oo

-

i

¥

Bk ek R kR R AR R OROR R R OO Rk s s R R s R Ok ke R R R

X



LHSTOE.FR 97 371983 10I3113 ODIm $PARK Fode

[

Ly |

COMMON JOFN/ TFILECLB) NAME(L3)
REAL COEF(236) FRIC-43311088) yREF(~-25351312)EST(S12)yERR(S12)
REAL RCOEF(1271),VALUE(S12)

[y B |

FARAMETER NETZE=512
RETZE=FLOAT(NSIIE?
NEYTE=NSIZE%X4

L I B

¥ READ IM FPARAMETERS &M

]
14

=

CALL QUERY("WAMT COEFFICIEMT LY OR MAXWVALUE LN=CRI 7 = ', IQC)
ACCEFT " ENTER THE START FOINT = ",0F1

ACCERT " ENTER THE INTERVAL = " 0F2

RCCERFT "FRIMARY INFUT DELAY DISTANCE [-4641643 7 TP TDELAY
ACCEFT "4 OF COEFFICIENTI(WEIGHT) (1-235, 00D )7 "y MED
ACCEFT *THE VALUE OF SMOOTHING FARAMETER: RBETA 7 = "-RBETA

CaLL QUERYC("FIXEDLDYI OR TIME YARYINGLM=CRI VARIAMCET = FyIQV}
UVARIAMCE=0.,0

IF (IQy.pME.1) GOTO 4

i

ACCEPT "ENTER THE FIXED INFUT VARIANCE VALUE 7
BOTO 5 -

"rUARTANCE

4 ACCERT "ENTER MINIMUM INFUT VARIANCE VYALUEtERS @
I ACCEFT *THE NUMEBER oF ITERATION (DATA) 7

[E
- e
T
> T
— L
g

CalLL GUERY("WANT INTERFOLATION(Y/N=CR) ? = *,1Q0IM)
IF (IQINWME.L1) GOTO 8

ACCEFT % SAMFLING FREQUENCY T = 'y BAMP
ACCEFT * SIGWAL RBANU-WIDTH % = "eBAND
ACCERT " & OF INTFOL EACH INTERYAL 7 = "sNIHT
EN=2,2BAND/SAMF

g ICENTER={NCO-13/2
IBLK=IFIX(DATA/REIZE}
IRESG=IFIX(DATA-FLOAT{IBLK IXRSIZE?
ID=IDELAY+ICENTER
HRECORD=NCO%4

ITFCIQINGER. L) NRECORD=({NCO~1)XNINTH1 ) k4

VaR=UARTANCE

)

k% OFEN I/0 FILES *%

[ o o I Tl

CALL OFEMNR(1,"FRIMARY INFUT FILE NAME TAMBYTESIZEDL
CALL OFENR(Z2,'REFERENCE INFUT FILE Na&ME "y NBYTESIZEZ2)
IF{IQC.EQ.1) CALL OFPENW(4,"COEFFS QUTFUT FILE MAME = "y HRECORDSIZ
IFCIQCWNE. LY CALL OFEMWC(Z. "MAX VAL. OUTRFUT FILE MAME = *,NRYTE:SIZEZ

B
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R MEMORY IMITIALIZATION k%

00 41 I=1,NSIZE
PRI(~6441)=0,
FRI(I+641=0,
FRI(I+576)=0.
REF(I)=0,
EST(I) =0,
ERR(II=0,
VALUE(T)=0.

CONTINUE

oo 42 I=1-20568
COEF L y=0,
REF(1~-I2=0.

CONTITHUE

MN=1

NN=1

ALFHA=1.-RETA

DF3=TF1

KOUMT =0 i MAX.VALUE DOUMP COUNTER
COUNT=0., ¥ BYSTEWM COUNTER
NCOUNT=0 r COGEF., DUMP COUNTER

TYFE
TYFE * DATA
TYFE * DELAY
TYFE * RETA
TYFE

S IATA
CTDELAY
"y BETA

LIS TR

IF (IRLK) 222,222,333
CONTIHUE

LOOF=IRES
0TO 25

CONTINUE
LOOP=HEIZTE

00 26 I=0NCO-1
REF{-I)=REF(NSIZE-I)

CONTINUE

IFCIDLLE.OY GOTO 100

Do 27 I=1,.1ID
FRICI)=PRI(NEIZE4I)

CONTIMNUE

KACK RO ROk kOO R R K
MAIN FROGRAM
AR RO R RO ko

Call READR(ISN,FRICIDFL) »2-LENT - LERR?
CaLL REAIRC2:HsREF(L) s L LONTIERR)

SFARK

#og
L )
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2

oy

ad

YRR T

3
LA

i
C

o000

[gF)

54 I/LPRT 0 LOLZLIGS DIR EFPARK

kK MAIN ILOOF X

u0 1600 I=1,L00F

COUNT=COUNT+1.90

EST(L)=0.

D0 31 II=14NCO
EST(I)=EST(I}+COEF(II)KREF(I-II+1)

CONTIMUE :

ERRCIY=FRI(II-EST(I)

% UFDATE FILTER COEFFICIENTS %%

IF (Iav.ed.1) GOTO 55
VAR=BETAKVARTALFHAXREF (T)RREF (L)
IF (VAR.LE.EF3) VAR=EFB

00 44 II=1.MCO
COEF(II)=COEF(IIY+ALPHARERRCT VAREF(I-TII+L/VAR
CONTINUE

IF(COUNT.NE.OF3) GOTO 1000

CIFZ=DF3F0FR2

¥ DUMF COEFFICIENT VALUE %

IF{IGC.NE.1) GOTO 40
NCOUNT=NCOUNT+1

IFCIQIMLEQ.1) GOTO 41

CALL WRITR(4:NCOUNT,COEF-1»TIERD
GOT0 1600

CALL IMTFL{COEFRCOEF BNy NIMNT NCO)}
CALL WRITR(4sNCOUNTRCOEF«1s1ERD
GOTC 1000 '

¥ DUMF MAX., VALUE %

ROUNT=KOUNT+1

IF (IQIN.EQG.1) GOTO 70

MAX=1 .

FMAX=COEF (1)

00 &85 ITZ2=2,NCO
IFCCOEFCIZ2Y JLE.FMAXY GOTO &5
MAX=T12
FMAX=COEF{I)

CONMTINUE

FH=FLOAT{MAX-ICENTER-17

GOTO 80

i

1]
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[
C
70

CAlLL INTFL(COEF.RCOEF BN NINT:NCO)
IMax=1
FMAX=RCOQEF (1)
N0 71 I2=2y (NCO-1)&NINT+1
IF (RCOEF(IZ).LE.FHAX) GOTO 71
IMAX=I2
FMAX=RCOEF{(I2)
CONTINUE
Fri=FLOAT(IMAX-L)/FLOATININT ) -FLOATCICENTER)

ValLUE (KOUNT ) =FH

IF (KOUMT.LT.HNBIZE) GOTO 1000
CALL WRITR(ZMNMVALUE» 1 IERR)
KOUNT =9

MiM=NM+1

CONTINUE

N=N+1
IF (IBLK+1-N) 105,102
IF {IRES.GT.0.) GOTO
IF (KOUNT) 104651065107
CALL CLOBE(3,IERR)
CALL AFFEND(3sNAMEy3y4y IER)
D110 II=1:KOUMT

WRITE BINARY(Z) VALUE(II)
COMNT LNUE

CAaLL REBET
CALL QUERY (*<73:>RE-EXECUTE LMSTLE(Y/N=CR) 7 =
IF ¢IQ) 206,200,201

CALL QUERY({'WANT SAME FARAMETERS (Y/N=CRIT = "2 IQ1)

IF ¢IQ1) 1»1-13
S5TOF "% NORMAL TERMINATION OF LMSTIE X°
ENT :

Fade

i
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AGAFPTIVE SHORT TERM CORRELATOR ROUTINMNE

e T o B v 0 o T e T O I s T o O B Y |

SOURCE FILE NaMb BTCTRE.FR
FROGRAMMER SANGIL FARK
DATE JaH, 251983
£
stk ok R sk ok ok ko ook ool sk ok il R R ook skl R kR SRR R R SOk R ok il ok ok ok e R R
C FURFOSE
&
c "THIS FPROGRAM IMPLEMENTS THE SHORT TERM CORRELATOR
o ALGORITHH FOR TIME DELAY ESTIMATION, ONE CAH ORBTAIM
c THE IMFULSE RESFONSE FUNCTIOMITHE COEFFICIEMT WALUE
C QR THE ESTIMATED DELAYITHE FEARK OF COEFFICIEMT) WALUE.
8
C
» REFEREMCE

He AHMED ET AL, B2 MIDCON COMFERENCE NOV,30.19822
RAY (Ko L)=BETALERXY (R-1 L)+ (1-BETAL }¥REF(RIKFRI(KAL Y/ (SXIRI®E

SX(KI=BETAZASK{N-1 2+ (1-BETAZIHARB(REF (KDY )

ROUTINES CALLEDR BY THIS FROGRAM

Ly 2 oo T B o o T T e O O O

DFEMY OFENW
i GQUERY - READR
» RESET WRITHR
c IMNTFLRE - ARFEND
o
G

é##%*ﬁ**%****Kﬁk***#*ﬂ***%*****#$*#*$$$*X*ﬁ&****#***#$$$$**$$*$$$$*$$$#$$$$

s

DESCRIFTION OF I/0 FILE

INFUTY FRIMARY INFUT FILE
REFERENCE INFUT FILE

QUTFUT T MaXIsuW YalLUE QUTRUT FILE
COEFFICIEMT OUTFUT FILE

o OO Oo oD OO0 o 00 o

B W

ESES RS2 E RS ER ST SIS S FESEEFEELERLFESLTIIEIIES LTSRS ST FEEE TS TS
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2

i3 RS

COMMON /OFN/ TFTILECLS)Y +NAMECLZS
REAL FRI(-463:1088) REF(S12)VALUEC(SLZ)
REAL RXY(-443164) REXYINT(1291)

FARAMETER NEIZE=G812
RSIZE=FLOATONSIZE)D
NEBYTE=NSIZEX4
EFSILON=0,000001

Call QUERY{"WANT CORRELATIOMNCY /MY = " I0O0RD
IFCICOR.EQ 1Y ACCERT " AT MULTIPLE OF = " 0OUMF
Call QUERYC"WANT PEAR VALUE(Y/MIT = "»IMAZ:
ITFOTMAaXNELY BOTO 11

ACCERT * STARY FOINT?= ",D0PF1

ACCEFT " INTERVALT= B R E )

CALl QUERY('"WANT NORMALIZATIOMCY/N)YT = "»MORM)
IF(NORM.ME. Ly GOTO 12

ACCERT Y SMOOTH.FARA. FOR MORM = "BETAZ

TYFE

ACCEFT *FRILINFUT DELAY UNITC-841441 = *,IDELAY
ACCEFT *SMOOTH., FARA. FOR CORRELATION = " BETAL
ACCEFT "NUMEER OF DATA ITERATION 7 “yNATA
ITER=IFIX(DATA/RSIZE)
IRES=IFIX(IATA-FLOATCITERIKREIZE)

ACCERT *"NUMEBER OF SHIFTE (1 - &4) 7 Pallal
Cabl QUERY (T WANT INTERFOLATIONLY/N=CR) 7 = " IQTN)

Ii

IF (IQIM.ME.L1) GOTD 2¢

BCCERT ' SAMPLING FREQUENCY 7 e SAMF
ACCERT " SIGNAL  BAND-WIDTH 7 Ty BAaMI
ACCERT " & OF INTFOL EACH INTERVAL 7 = "»NINT
BM=2,kEAMD/SAMF :

¥k I/70 AND INIT. KX

nn 21 I=1,NSIZE
FRICI-64)=0.0
FRICI+&4)=0.0
FRICI+S746)=0.0
REFCII=0.0
VALUE(TI)»=0.0

CONTINUE

Do 22 I=-LAGsLAG
RXY (I =0.0
CONTIMUE
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o= 1,0
37 = 1.0
LCOEF=2%LAG+1
MR = LCOEF ¥ 4
IFSIQIM EQ1) MBE=(Z¥LAGKNINT+1L x4
IF(ICOREQ.1) BIUMF = DUMF
IF{IMAZX.EQ.1)y NFIJI=0F1
FOUMF = 0.0 FEYSTEM COUNTER
KOLUNT =1 FCOUNTER FOR MaXIMUM VALUE OUMP
HOOUMT=( sTOURTER FOR CORRELATION FUONCTION JUMRE
JJ=1 SEOR TTERATION BLOCK COUNTER
M= P FOR ValUE BLOCK COUNTER

# OFEN I/0 FILES #%

CaAaLL OFENR{Ll:"FRIMARY IMFUT FILE MWaAME 3
CALL DFENRCOs*REFERENCE INFUT FILE HNAME &
IFCICOR.EQ.L Call OPENW(4, "CORR. FUNCTIONM

TYFE

TYFE "DATA ="»DATA
TYPE "DELﬁY= s IDELAY
TYFPE "BETA =':PETAL

IFCITERY 99%.222,333
COMTINUE

LOOP=IRES

GOTO 401

COMTINUE
LOOF=NSTZE

O 402 I=0+LAGHIDELAY
FRICIDELAY-I)=FRICNSIZE+IDELAY-T1)
CONTINUE

RN R R R R R R R
*%  MAIN FROGRAM &%
FARRE RO R AR IOk KRR K

* READ INFUT DATA *

CALL READRI(O,JJsREF»1vIER)
CALL READRCL» JJyPRICIDELAY L) 220 TERDY

Ty MRYTESF2
TeMEYTREF12
FILE MNaME
IFCTHAXLED.L)Y CALL DPEMWIZ,*CORR.FEAK FOINT FILE

MAME

£

"eMBrSILED

YeMBYTE:S

1ZE
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C
o
» ¥ MAIN LOOF %
C
00 1604 I = 1yLOQF
C
FOUMP = FDRUMP + 1.
IF(NORMONE. L) GBOTO 4%9%9
EX = BETAZ¥SX + (1,-BETAZ)XARSI(REF{I))
8BY = BETA2%XSY + (1.-BETAZYXRABI(PRICIY
FOWER=SX¥8Y
IF(FOWER.GT.EFSILONY GOTO GOOC
47 POWER=1,2
300 00 301 L=~LAabLAD
RYXY LI =BETALRRXY (LAYFCL  —BETAL AMEF (I RPRI (T +L ) /FPDUWER
Sl CONTIMUE
C
g ¥ DUMP CORRELATION FUNCTION %
G
IF(ICOR,MNE. L. DR FOUNFP.NE,SDUNMFPY BOTO 400
NMCOUNT=NCOUNT+1
SUUMF = SDUMF + OUMF
C
IF{IQIN.EQ.L GOTO &350
CALL WRITRCA,NCOUNTY yREY(-LAG)y1sIER)
GOTA &00
o ;
&350 o CALL INTPLORXY(-LAG) yRXYIMT BN NINT»LLCOEF
) Calll WREITROA MOQUNT RXYTIMNT»1»TER)
G '
£ ¥ DUMP PEAK FOINT OF CORRELATION ®
C
600 IF(IMAX «NE.1.OR.FIUMPL.NE.OF3) GOTO 1000
IF3=0F3+0F2
FOUNT=KOUNT+1
C
IFCIQINLER.1Y GOTO 750
Hax=]
FHaX=RXY{~-LAaG)
0o 701 IZ2=-LAG+1l.LA0G
IF{RXY(I2).LE.FMAX) GOTOQ 701
MaX=T2
FMAX=RXY(I2}
701 CONTINUE
FM=FLOAT (MAX)
GOTC 8OO
C
750 CaLLl INTFL(RXY(-LAG) sRAYINT»BENsNINT»LCOEF)
IFEAR=1
FMAX=RUYINT (1)
D0 73531 T2=2-2%LACENINT+H1
IFCRAYINTCIZYLE.FMAX)Y GOTO 751
IFEAR=12
FMaX=RXYINT (T2
751 CONTIMNUE

Fr=FLOATCIFEAR-L13 /FLOATOMINT Y =FLOAT (LAG)
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goao

1090

192
C
143
107

108

1048

PPy

233 1 DIR

VALUECKDUNT Y =FM

IF (RKOUNT.LT.HNSIZE) GOTO 1000
CALL WRITR{3 MNsVALUEs1yIERR)
KOQUNT=0

MH=MN+1

CONTIMUE

Jd=d4+1
IFCITERSL-JJY 105102, 3323
IFCIRES.GT .0y Q0TO 222

IFCKOUNTY 104,104 107
Calll CLOSECE . IERR?Y
CALL APFEMD(I»NAME» 324 TERR
O 108 [I=1sKOUNT

WRITE BIMNARY(3) VALUECIL)
CONTIMUE

Catl RESET

Cal.l. QUERY ("«75125RE-EXECUTE STCTDE oY /M) 3 "« IQ)

IF(I8.NE.LY GOTR 2979

CALL QUERY (" WANMNT SAME FARAMETERS (Y/N»
IF(TGR.HE. LY GoTo 1

GOTO 20

STOF "d&% NORMAL TERMINATION OF STCTDRE %%

NI

B ERE

T TR

Fade
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Do 0K K 50k 0RO ok SORROk RO oK IoRoioROR B skokskok oloick s ioieisiolicioi ok ool g oo cinRnR ek

COOCOOOonNOoOOoOOooGoOOoOOOoooo DD o0oann

= 003

(R

080

10

TIME WVARYING DELAY SIGNAL GENERATION ROUTIME

SOURCE FILE NAME TUFILE.FR
FROGRAMMER . ZANGIL FARK
NATE JUME 25,1982

FURFOSE
THIS FROGRAM MARKES THE INPUT SIGMAL TIME
BY ARBITRARY LELAY FUNCTIOM.

INFUT! TDATA INFUT FILE
NELAY IMPUT FILE

DUTPUTY TIME VARYING DATA DUTRUT FILE

COWMMON /OPN/ IFILECLIE) NAME(LE)
REAL SIG{-63510247D5IG(312) yDELAY{TLE)

FARAMETER MSIZE=512
REIZE=FLOATINGTZE)D
MEYTE=MSIZE*4
FI=3.1413927

¥k SET UP PARAMETERS %

o]

ES P3PS EPI SIS EIISTEPIESEILESEIFEELLEPESILETFEF S IESI LTSS EEE LSS S

HRYIHG

L2 SR E2 SRS FFERTSSRSFTEFFEELFEITEELIESRELCILS LTS EPIELEFAEIFLTEEESSES TS

IZELY

ACCERT "MUMEBER OF COEFC ON ) 7 = *yNCO

ACCEFT "NUMEBER OF ITERATON T YL TATA
IBLK=IFIX{0OATA/RBIZE}
IRES=IFIX(DATA-FLOAT(IRLK)®RSIZE)

ICENTER=(NCO-1)/2

k¥ OFENM I/0 FILES XX

CALL OFENR{L,"DATA INPUT FILE NAME 7 = "sNRYTE,E&

CaAaLL OFENR(Z2"DELAY INFUT FILE NAME 7 = "yNBEYTE,SIZEZR)

CALL QFENW(3y"DATA ODUTFUT FILE NAME 71

A% INITIALIZATION #%

00 10 I=1s+NSIZE
I8IG(IY=0.0
DELAY(I)=0.0

CONTINUE

DO 11 I==-43,1024
BIGLIY=0.0

CONTIMNUE

"y NBYTESS

IZEZY
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M=l
G

IFCIBLKIZZ224222:333
222 LOOF=TRES

GOTO 444
C
iSS LOOF=NSIZE
444 oo 21 I=0»ICENTER-1

BIG{-Ti=8TG{NSIZE~T)

1 CONTINUE
B
G S PSS EFREE TG ST D
B Ak MAIN PROGRAM %%
C LRSS S8 S S S S TR
o

CAlLL. READRC(LyN»SIGC(L1)»2:TCNT»IERR)
CALL REALDR (24N DELAYs Ly ICNT IERRD

&
0 1000 RK=1»1.00F
e
DSIBIKI=0.0
Do 1001 FH=-ICEMTER ICENTER
IF(M-DELAYC(KY) 41,4241
41 NBIGAR)I=NEIG(RIFBIG(R-MIKSINI(FPIR(HM-DELAY IR )Y AIPIRIM-TELAY (K2 )
GOTO 1001 .
42 ISIG(RI=DSIG(RI+EIG (K-
1091 COMTIMNLE
C
LOod CONTINUE
C
IFCIBELE-N? 102:1015100
1¢0 CALL WRITR(3yN»DEIG1sIERRD
MN=N+1
GOTO 333
C
1a1 CALL WRITR(IsN+OBIGBy1,IERR?
M=N+1
TFOIRES) S35,0535,222
102 Call CLOSE(3,IERR)
Call AFFEND{I»NAME»3s+4+IERR}
o 103 I=L,IRES
WRITE BINARY{(3) DSIG(I)
163 CONTIMUE
C
555 CaLL RESET

CALL QAUERY("<7:RE-EXECUTE TUDATA(Y/N=CR)Y 7 = ";1{3)
IF{IQIZEF 27901

ge STOF "%% NORMAL TERMINATION OF TULATA Xk*
END
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INTERFOLATION SUEBROQUTIME

SOURCE FILE NAME INTFL.FR
FROGRAMMER SANGIL PaaK
DATE JULY 11982
2RSS EESSPESFIFFLIEFESISEEFICEFIFETIEELS LIPS SFILEFELSEFESEEES S ELETEE

FURFOSE :
THIS FROGRAM GENERATES INTERFOLATING FOINTS BETWEEN
DISCRETE DATA.
CHLLING SERUENCE

CALL INTFL(COEF RCOEF »ENsHINT NCO)
ARGUMENTS REQUIRED

COEF!  INTFUT DATA ARRAY
RCOEFS OUTFUT DATA ARRAY

BN BM=2 £ (3IGNAL BaND WIDTH) /A(SaMFLING FREQ.D
MINT? T OF INTERFDLATING FOINTS RTWEEN DISCRETE DATA
NCOY # OF FOINTS TO BE INTERFOLATED

S R AOR R RO ROR K OR R RORR R R R R R SOR R R R R R R O R R R o ok Rk

CoOOoOOoOOoOCooOoOoOOoo OO oOon oo oo oo

SUEBRQUTINE INTFL{(COEF,RCOEFsENsNINT.ICO)

o
REAL LOEF(1Z8) RCOEF(LZ271}
C
C
Do 2 I=1.1271
2 RCOEF{D)=0.0
c
CI0 3 I=1eMINTH(LICO-12+41
TAU=FLOATII-1)/FLOAT(NINT)+1.
00 4 M=1,I1C0
IF(TAU-M)Y 11-18511
li RCOEF(I)=RCOEF (1) FCOEF (MIKSINCZ 14%BNRCTAU-MI )/ (3, LAKBNKS TAU-NM
GOTO 4
12 RCOEF (I)=RCOEF (IJ+LGEF (M)
4 CONTINUE
3 CONTINUE

RETURN
EN
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ABSTRACT

The purpose of this paper is to compare the performances of two
algorithms for adaptive time delay estimation., These are: (1) Widrow's
least-mean-square algorithm, and (2) an adaptive short-term correlator
algorithm. The desired compariscon will be carried out via a digital
computer simulation. Band-limited signals which are perturbed by white
Gaussian noise and received at two sensors are considered at various

bandwidths and signal-to-noise ratios.



