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This thesis desgibes' the design and-development of the receiver
of an underwater acoustic telemetry system. it begins with a summary . )

o

of the dispersipn problems a‘sgtxiaoted with underwater conmum'cati’ons‘
folTowed by an ﬁn-depth Took at the ha;‘dWa.re and softwarevof.’the ‘'system.
‘The hardware descripti‘c'))n includes a detaeﬂe‘d look at the Fast Fou'ri.er
Transform processor and Time Synchronizer:. Also Zovered are the séft-
war:e algorithms for doppler correction, time estimation, tone demodula-
tion and error correction. Finally some test results obtained from

sea trial® and some suggestions for im'provﬂements and apptications are

A pres:ented. ® . ’ : .
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: CHAPTER 1
INTRODUCTION

A significant disadvantage of measuring tides ‘with:bottom-mounted
gauges is that the tidal information can be obtained only upon recovery
of the instrument at the completion of the survey. This disadvantage

1

may be overcome by the“use of an'ocean bottom-mounted tide gauge which

can transmit to the survey ship, on‘demand, the tidal information gather-

ed over several weeks. A device of th{§ f&pe allows the‘hydrographer to‘Q
maintain an up-to-date account of corrected soundings and greatly ex-
N

pedites the progress of a hydrographic survey, especially in the Artic.
To this end, a prototype acoustic telemetry system has been developed
and tested by Concordia University for the ‘Bedford Institute of Ocean-
ography, Dartmouth, Nova Scotia. The system cbnsisgl of two parts: |
the bottom-mounted unit which collects tzda] data and transmits it to
the Deck unit upon reguest, and the Deck unit described.in this thesiﬂ
which is responsible for receiyind and demodulatina the information ‘
transmitted from the Bottom unit, while ggrrecting fonr frequency and
temporal dispersion of thg underwater environment. ;>

The sea is far from an ideal sound-propagation medium [I.1]: sound-’
waves, apart from being contaminated by noise, also suffer from time
and frequency dispersion. Time dispersion, or multipath, is due fo the
reflections of the ravs by the surface and bottom befd}e reaching the
receiver. Sound signals travel different paths, and as a result, ar-
rive at different instants at the.receiver, thus extending the dura-
tion of transmission. A second form of dispersion, frequency dispersion,

.is caused by reflection of the rays from the ocean surface. Frequency

dispersion is dependent on the roughness of the ocean surface and'it
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‘can result in angle or amplitude modulation. of the incident tone [I-2].

n . < 2

Besides these two dispersions fhat are introduced by the‘meéium, doppler

SN

shift is also present. Doppler shift is present whenever there is rela-
tive motion between transmitter and receiver.
The effect of -doppler shift is to make frequency tones/transmitted '

appear to be of another frequency, due to expansion or contraction of the

R N

time axis. 'Signal strengths fluctuate greatlv as severe fading can océur.
Thig effect is minimized by employing five-fold frequency diversity in
the Bottom unit. In order to achieve reliable communications between
:the Bottom and Deck unit, care must Se taken in the design to account
for the time and frequency dispersion, doppler shift, and signal fading.
A method to predict the beginning and the end of transmission must be

»
. incorporated in the design. ‘Tones arriving at the receiver must be

e pe e o e

adjusted for frequency spreading and shifting. Fluctuations in signal

¥
«
¥
i
¥
!
?

" strength must be overcome by continuously optimizing the gain of the

]

amplifiers. <
Each of ;hese prob]ems is addressed in the design of the telemetry
system. To allow for multipath decay, the Bottom unit transmits for
125 ms followed by 125 ms of dead 'time. Four pilot tones a;e trans- .
mitted during all transmissions, and the presence of_these tones is
used in pre@icting the time of transmission of the next bateh of data.
To correct for frequency dispersion, the Deck unit processing considers'
the energy adjacent to'the tones received, in effect increasing the ’
bandwidth of the received narrow band f{lters. For doppler shift, the pi-

lot tones are examined for average change to correct frequency shift

and changés are made to the local voltage-controlled oscillator. Fading

.
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‘is minimized by employing 5-fold diversity in the modulation scheme of

the Bottom unit, and an efficient gain adjustment system in the Deck

unit.. s
N

-

A As'desc?ibed eaf]ier, the telemetry system consists of apZocean

Bottom unit and a Deck unit p]aced on board a survey ship as shown in
Figure I.la. The Bottom unit, which is moored to the ocean floor, is
continuously collecting tidal data which ;t stores in its memory.

When the survey ship carrying the Deck unit comes within range of the
Bottom unit, an interronation command is sent from the Deck snit to the
Bottom unit. The interrogation command consists of a 250 ms tone burst

»

which contains five tones spaced 400 Hz apart in a 2048 Hz bandwidth
centqred at 8192 Hz .

BOTTOM UNIT _

A. 250 ms ALERT PREAMBLE
B. 16 PHASE SYNCHRONIZATION PREAMBLE
C. MESSAGE p=10"%

Fig.1.1 (a) THE INTERROGATION ARRANGEMENT BETWEEN THE DECK
AND BOTTOM UNIT
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" The Bottom unit is designed with the necessar} hardware and software

» algorithms to recognize the interrogagjon pattern. The Bottom unit then

’

transmits 16 preambles, each qf 125 ms, followed by 125 ms of dead time.

These preambles enable the Deck unit to estimate time dispersion, signal
strength, doppler~shift, and make the appropriate corrections. Following
. these 16 preambles, the Bottom unit sends up the tidal data. A dense

MFSK modulation scheme in which M=4 and the number of frequency diver-

1

sity channels D=5 .is employed to coﬁvg}i tidal and coded deta into
| -

A

frequency tones. I this method each 16-bit data word is converted
nto 40 tonés from a set of 16Q°tone§t Four pilot tones are interleaved

between the S'diversity channels, for a total of 44 ‘tores as shown in

( A

/QNES ‘
.

-~ .
rs -
, N
- A0 M- 0M - QM0 M- 0
' LOWER S BAND ————  UPPER
'’ BAND (8] 4-ARY DIVERSITY 2 CENTER cen OIVERSITYS  EBAND
E

EOGE  CHARACTERS, 8.192 Kht
1188 KHz DIVERSITY 1 / ! sgchEKHx

Figure I.2.

a

1
T

Fig. 1.2 PILOT TONES'AND DATA SPECTRAL ALLOCATIONS
' ' )

IS

The analog and digital hardwarg employed to receive and demodulat@

\ the tidal data in the Deck unit is shown in Figure 1.3.
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deruer AGC 12 BIT 6K-RA
AP ADC .
. 4K-PROM
POWER it |
1 awp . TINE o
- SYNC |- 8.BIT FFT | .
' ‘ +OD. ADC PROC. _ o
+ ’ . . : . ’

Fig. I.3 BLOCK DIAGRAM GF DECK UNIT

An INTEL 8086 16-bit microprocessor provides all the control and
processing required. A 512-point complex FFT processor is used to _

demodulate the MFSK tones to bits. Time %ynchronizatibn is provided—— —

by the synchronizer moduﬁe.

S

"Other hardware consists of data storage

memory, analog hardware in the preprocessor for automatic gain control

e

(AGC), and a voltage controlled oscillator (VCO) circuitry. for doppler.

correction. ~ The Deck unit includes an RS232 serial output port for
data transfer and a tone generator and power amplifier for interrogatiqn : _—

of the Bottom unit.
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CHAPTER TI
THE ACQUSTIC CHANNEL

[

~
IT1.A. INTRODUCTION

-

-

The sea is far frém the ideal sound prepagation medium. Sound waves, a-
part from being obscured by noise, also suffeFﬁtime and ffeoueﬁcy dispersion.
[11.A.1.]. Time d{iggrsion or multipath spread is due to multiple reﬁlection.
of rays from the oceaﬁ\gﬁ?face and bottomtbefore reaching the receiver. Sound
signals transmitted take different paths and, as a re;ult, arrive at different

time instants at the receiver. Frequency dispersion is caused by reflection

from the ocean sunface and second-ovrder relative transmitter—recejver motion

i

X .
effects. [II.A.2.]. The effect of these two phenomena on the received sianal

must be considered in thé design of the E:ansmitter and receiver. If the;
amount of dispersion can be reasonably predicted’a communiEatioﬁ’system'can be
designed to accomodate. |
Two other parameters inherent in acoustic propaaation must also be addres-
sed, transmission loss and noisé., Transmission loss is caused by spherigal
spreading of the beam, absorption, and interfering multipaths. [II.A.%.]. To
account for this loss, sufficient gain must be designed into the Deck unit,
as well as enough trénsmitter power in the Bottom unit. Noise includes shal-
low water ambient noise (water depth less than 300 m) due to temperature and

wind, and noise radiated into the water by machinery. [IL.A.2.]. Bottom

unit transmitter power should be sufficient to provide sufficient signal above

//~—~—\:;he noise level at the receive hydrophone.

Dopp]er shift is a source of ewror in this sysgem since the relative move-

0

. - . . d s
ment of the transmitter and receiver causes time expansion and comnression.
N

These five parameters will be studied in this chapter and estimates calculated.

.~_\i
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"/ index of the receiver. [11.A.3.].

‘The requirements for the Deck unit will then be presented in accord with
these estimétes. . . oo .

"I1.B__PROPAGATION LOSS'AND NGISE

[1.8.1 INTRODUCTION

»

», ‘ The pérformaqce of a one-way acoustic cdmmunications system is described
by Equation (I1.B%.1), " N
<S/N)receiver =l + (NDI) - T by ) (11.8.1)

R

where (S/N) is the signal-to-noise ratio at the receiver} Ls- is the

receiver
source level; TL is the transmission, or propagation, loss; and LN is the

s

, noise level in the band of interest. The term (NDI) is the directivity
. / R

Eacb of the terms in (II.B.1) is dependent on other factors. These re-

.Jationships are shown below in (I1.B.2) and (II.B.3).

[1.B.2 -SOURCE LEVEL . NN

Thé source level is dependerit on the directivity, and the acoustic con-
f
version ef%iciency of the transmitting hydrophone, i.e.,
(11.8.2)

L. = 10 Toa(Bp) + 71.5 + (N

S DI)

T

where B is the electroacoustic'conyersiop efficiency, the factor 71.5 provides
the conversion from watts to dB//Tubar, and (Ny;) s the directivity index
T

of the trahsmitter.




11.B.3 TRANSMISSION LOSS

3

The,transmission 1oss '(TL)* for short distances of 1.to 2 kilometers

" is determined by the spherical spreading loss, absorption, and other factors

due to multipath scattering,

N e ek s et S e ome

Io- 20 Tog R+ a R + (GO-KL) ) ’ (11.8.3)

R \

\

where R is the range; the first term, 20 Tog R 1is the loss due to spherical
spreading of the wa;e; in the second term, «is the frequencyfdependent absorp-
fqon coefficient: and the final term, the multipath structure. The coefficient
o s a function -of frequency, temperatgre, salinity, and pressure. However,

the dominant contribution to transmission loss is the attenuation of the direct

path due to sphericatspreading and absorption. [IT.A.3.]. Table I1.B.1 sum-

Lk S} i AP Tt miLS T

marises the transmission loss for two Bottom types and three temperature ranges.
\ .
., ' R
- Sea State and Bottom Type

0 1 2 3 4 5
T(°C) Isand Mud !Sand Mud ISand Mud [Sand Mud [Sand Mud |Sand Mud

e Romat W

.

-10 57.4 57.9|58,7 59.2{59.0 59.5(59,4 60.1{59.7 60.1]/59.9 60.3

kﬂz 0 |S6'9 57.4{58.2 58.7!58.5 60.0/58.9 59.6/59.2 59.6{59.4 59.8

NS
10 56.5 §57.0(57.8 58.3|/58.1 58.6/58.5 59.2{58.8 59.2{59.0 59.4

— T

- 10 (61.2 61.7(62.2 62.6{62.4 62.%|62.7 63.0{62.9 63.3]63.1 63.4

16 .
kHz 0 |59.5 60.0{60.5 60.9}60.7 65.2/61.0 61.361.2 61.6;61.4 61.7- r

10 |58.7 59.2]59.7 60.1{59.9 60.4{60.2 60.5/60.4 60.8/60.6 60.9

1
AN

s
-

i
!
i
)
3
b
X

oy

3
P '
N

TABLE TI.B.1 SHALLOW WATER TRANSMISSION LOSS (dB)
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The effect of temperature, bottom type and sea state is slight as shown

©

in Table II.B.1. Table II.B.2 is a condensed version of Table II.h.] showing-

the corresponding worst case attenuafion.for R=1 and 2Kkm. [II.A.3.] ;

«
SEA STATE
f(KHZ) 0 1 2 3 4 5
7 §7.9 5.2 59.5 60.1 60.1. 60.3
R=1kn( ,
16 . 6.7 62.6 629 63.0 63.3 634
7 65.2 66.5 66.8 67.4 67.4 67.6
R =2 Kn {
16 1.6 72.5 72.8 72.9 73.2 73.3
-
[

Table II1.B.2 SHALLOW WATER TRANSMISSION LOSS FOR R=1 AND
2 KM, T=-10°C, AND MUD BOTTOM
E

. 11.B.4 BANDLEVEL NOISE )

# The bandlevel noise, L., 1is the ambient noise which obscures ‘the siqnglx

Ambient noise in shallow water is at least 10 dB higher than noise in deep-

water. Other factors such as oil drilling rigs can contribute as much as 20
dB of additional noise. [II.A.3.]. Table II1.B:3 summarises the ambient,

noise in ghal]owxwaxer 9f a depth less than 300 meters, for six sea states,
and two transmitting frequencies. The totg] loss figure (T +L ), for six sea

LN
states, two transmitting frequencies and two ranges is shown in Table‘II.B.d.

MI.A.3.].
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mdex must exceed the total loss by a suff1c1ent “amount. for rehable communica-

- ]] -
©
- N
[ SEA STATE
Frequency 0 1 2 ] 4 5
7 kHz -25.39} -16.29) -11.09| =-7.29 -4.3%] -1.99
16 kHz ~31.49] -22.39} -17.19| -13.39 | -10.49| -8.09
Table I1.8.3 SPECTRUM LEVEL OF SHALLOW WATER AMBIENT NOISE
) (d8//1ubar/Ha) :
d 2
~ . 0N
- . ’
Sea State -
f(KHz) 0 | 3 ¥ 4. 5
, 7 !

R=1 Kn{ 32.5 42.9 48.4 52.8 55.7 58.3

16 30.2 40.2 45,7 49.6 52.8 ° 55.3

7 39.8 50.2 55.7 60.1 63.0 65.6

R=2¢Knm( .
‘ . 16 401 55.6 59.5. 62.7 '65.2

501

Table 11.8.4 LOSS FIGURE (TL + L) (d8)

A\l

’

¢

From these ﬁgures it is evident that the source level plus the directivity

AN

tions.
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I1.C.1 TIME DISPERSION . ! - . »

A serious probleﬁ in underwater sound transmission gs the temporal dis-
tortion that occurs as a result of multipath. C]ose]y'spaced multipath dis-
tortion (time smear) also occurs because of %orward scétteﬁgﬁg in the medium.
This scatteringﬂis the result of thermé] mfcrostructgres.i.e. small volumes
of water at different temperatures [Ii.A.3.]. ft is diffjcu]tnto describe
the precise decay of multipaths relative to the decay of theOJirect path;
because of a lack of experjmental data. The geometry 6f-ray paths indicates
that the higher order rays which underéo han§ reflections from the surface

and bottom before reaching the receiver, make steeper angles with the boundary

surfaces than the lower rays and, consequently suffer greater bottom absorp-

" tion and surface scattering. Also, the paths.of higher order rays are longer

* than lower order rays and suffer greater attéﬁuation from spherical spreading

and absorption over the total path ]enqth‘[II:A.3.].

One obvious solution to eliminate hu]tjpath arrival, is by combining
cqrefu] signal design and the use of transducer; arrays tLat'form d}rectional
beams. Directional receiving beams discriminatg agaigst eneréx outside of the
1ntended.arriyalxdirectﬁon, and directional transmit beams project the energy
SO thqt the minimum number of possible propagation‘paths are excited. However
the conventiona]lﬁgoustic source usually radiatés side lobes although at a
Tower TECe] £han the main beam, may still cause miltiple arrival. A parametric

source however is capable of reducing a narrow beam with very low side lobe -

Jevels [II.A.1] . .The use ot directiohal beams involves the exact orientation

of the hydrophones, which in this application is not possible, as the receiver

~

el /'4 .
hydrophone is constantly being moved by the ship and éhrrent. To m}nimize

‘cost, simple transducers are used therefore a good estimafe of multipath

aY

e
S

i e



spread is required. The waveform received at.the vehicle may be expressed as
. ~ - .
’ I N

- -

y(t) =
~ n=]

- -
. a - ' 3

T °

a x[t - rn(F}] M , . (11.C.1)

i~

v 1

where x{t) is the transmitted waveform, -{Th(t)} is the set of propagation

path dé]ays, and {an} is the set of respective path amplitudes. Multipath

spread may be simply calculated as (rn-r]) wheré T, is the nth path and ;
i is the direct path. This is not a ;ealistic approach as it gives equal S ]
weight to nth path even thoqqh the nth péfh has lost much 'of jts energy due (
- _to reflection and absorpt;On. A better gbbroqch to determine multipath spread

" would be to calculate the path delays for a set of selected paths. [II.A.3.].

D

’

| ' - .
e 1o, . (11.c.2)
w:Qr ‘
. 1 Y e
1 . - 2 2
L = [N-,—_T ”Z ) (Tw~T) ] ‘ (II.C.3)
. meﬂr

where 1 is the mean path delay-and L s the e§timate of ihe multipath

Nt

sptead. The symbo] f° denotes the set
fH . ) )

. .
-

a, = {wl3% > r:where o =1,2,...N} . (11.C.8)
1 P ~ .

3

(30

A mbre complicated estimate is one in which both the propagation loss and
delay profiles are“taken into consideration as shown in II1.C.5 and II.C.6.

>

. N ‘
LIV i . ‘ {11.C.5)




L | : (11.C.6)

ne~—=
N

) e 7
, L= K (t.- 1)/
) ) L n
Seven geographical locations ‘were designated by the Bedford Institute
of Oceanography as typical areas of interest. The sound velocity profiles
(SVP) are shown in Fiqure IT.C.1. The specific geographical locations are .

listed below.

SVP A Typical winter profile

SVP B Centre of Hudson Bay (summer) : i
SVP C Hudson Bay near Churchill (su‘mmer) .
T svp D Main Bank 57°-17.0'N, 60°-0.18'W -- ‘ -,
© SV E Main Bank 57°-9.5'N, 60°-31.6'W ‘
- SVP F OFf Novd icotia 43°-0.6'N, 63°-30.5'W

SVP G Lancaster.'Sound 74°-36.6'N, 94°-20.4'W

&

The multipath spread (L) using the SVP's for the above regions were estimated

- and tabulated in Table I1.C.1 [II.A.3.].

]

g
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Multipath order n ! Descr"iption I Rn(Km) l ARn(m) I'A-:n(ms) 1 en(deé)
l | | l |

0 direct path  1.8288 0 0 0
1 . s -1.8291 0.3 0.2 1
2 S-8 '1.8654  36.6  24.8 1
3. ' $-8-S  1.8745  45.7  30.9 12
4 . S-B-S-B 1.9660 137.2  92.8 22
-1 B 1.8593 30.5 20.6 10
-2 . B-S 1.8654  36.6  24.8 1
-3 B-S-8 1.9658  137.0 ° 92.7 . 21
PR B-S-B-S  1.9660 137.2  92.8 22

Table 11.C.1 -WORST CASE TIME DISPERSION (S = SURFACE REFLECTION,
B = BOTTOM REFLECTION) Rp = PROPAGATION DISTANCE,
. ARy = PROPAGATION PATH LENGTH DIFFERENCES, AND
o 8, = GRAZING ANGLE
The geometry of ray paths indicates that the higher order rays, which
undergo many reflections from surface and bottom before reaching the receiver,
makée steeper angles with the boundary surfaces than lower order rays and con-
sequently, suffer greater bottom absorption and surface scattering. Also, the
paths of . higher order rays are longer than lower order rays and suffer
greater attenuation from spherical spreading and absorption over the total
- path length. If the energy due to multipaths higher than third or fourth order
are considered negligible then the worst case time dispersiofi occurring when

both the transmitter and receiver are at a relatively shallow depth is on the

order of 30 to 100 milliseconds [II.A.3.].

vt bnn i - Tt Qe b ‘»——» R— - - e R A PN
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IT.0  FREQUENCY DISPERSION

11.0.1 INTRODUCTION

it o

Another important influence on the received waveform is-frequency dis-
persion. Freqluency dispersion is caused by reflection of the wavés from the
ocean surface and By the vertical and axial motion of the vehicle on whi ch the
Deck unit is placed. Morgera [II.A.3.] has studied these two effects and has
estimated a frequency spread for the telemetry system for different sea §tates.
What follows is a summary of this work.

_Frequency dispersion (BS) due to the reflected spectrum 1‘§.. dependent oﬁ
the surface roughness, which is proportional to the Rayleigh number rw. The:

¢ surface is divided into three categories-smooth, moderately rough surface, and

rough surface. The Rayleigh numbers m < 1, = 1, and >1 characterize these

[ -
three surfaces, respectively. A time-varying surface produces different forms ' 3
of modulation on an incident tone, as shown in Fiaure II.D.1. At low R:;ay]eigh 3
numbers, angle modulation dominates and discrete sidebands are produced. At ¢

high Rayleigh numbers, both angle and ampli tude modulation are present, result- _
ting in smeared higher order sidebands [11.A.3.].

The frequency dispersion caused by the reflection from the ocean surface
at angles of 3° and 6?, for phree sea states was determined using Bi-frequency
functions and various Rayleigh numbers. As shown in Table II.D.1 for the 7
KHz frequency signal frequency dispersions MQ‘@Z to 3.0 Hz were estimated.
[11.A.3.].

f(KHz) 5s 2-3, 8 =23° sS4, 8 =6° ,

7 ]
. “i

7 0.9 3.0 “*

16 Cg 6.8 i

Table 11.D.1 FREQUENCY DISPERSION (Bg) i Hz
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11.0:2 FREQUENCY DISPERSION DUE TO VEHICLE MOTION . \

Frequency dispersion due to vehicle motion is difficult to estimate.
The analysis is length.y and complex and based on many assumptions. [II.A.2.].
~ The study was carried out for a vehicle movement in two axes, i.e., the hori- '

zontal axis (normal axis motion) and vertical axis (normal translation or

pitch). The'ca]cu]ations are based on a vehicle horizontal motion of 5 knots

and current.of 2 knots. The vertical motion was set at 1 to 2 meters with a

e

period of 10 to 20 seconds. . : L
An indepth analysis is not attempted here save to say that each reflect- !
ed path due to vehicle motion is essentially a frequency.4angle) modulated

signal. Higher order sidebands with 1ittle energy and higher order paths

having weak signals are not considered. Morgera, using the ray path structures'
for ‘the seven sour\é velocity profiles (SVP), calculated the frequency spread
(BV)_ for two distances‘and 4 vehicle speeds. The résu]ts of this calculation
are shown in Table [I1.D.2. [fI.A.Z.].

R = 1.094 Kyd, 2.187 Ky¢

svp V = 0.1 Kt 1Kt T2 Xt .5 Kt , : ;
TS0 554 : ‘ ‘
A .14, .18 1.38,1.79 2.70,3.60  6.70,9.00
B .19, .15 1.88,1.50 ' 3.75,3.00 ‘ 9.40,7.40
C .17, .16 1.65,1.63 3.26,3.26 8.20,8.15
D .15, .23 1.45,2.25 2.95,4.58 7.40,11.30
E ,17; .14 1.70,1.40 3:40,2.84 8.60,7.00
F .14, .14 -1.43,1.38  2.85,2.80  7.10,7.00
G .19, .14  1.90,1.46 3.80,2.74 9.50,6.70

Table II.D:2 DOPPLER SPREAD DUE TO VEHICLE MOTION By(HZ) FOR TWO
COMMUNICATION RANGES AND OPTIMUM RECEIVER DEPTH D*




_made to maintain vehicle-current velocity below about 3" knots and use a
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The data in Tab]ebII.DJ for ‘BS‘.and Table I1.D.2 for Bv provide some
guidelines for the Deck uni,t‘ design. In comparing the doppler Spread B5
due to surface scattering and the doppler spread BV due to vehicle-‘éurrent

¥
motion the following points are noted:

(1) for sea state (SS) 2 and 3 conditions; Bv is the dominant

spreading component excépt'at very low vehicle-current

\

veloci ties. (<1 knot).

4

(2) - for SS4 conditions, BS is the dominant component except- at

/ vehicle-current velocities in excess of 3 knots.

Since relatively high sea states are to be expected, an attempt must be

réceive frequency resolution consistent with the combined estimates of 8S

and Bv' [I1:A.2). The combined estimate B, (the RMS sum of Bs and Bv)

-

for a vehicle speed of 5 knots is 8.3 Hz for SSO (averaged over geographicat
1oca't1'ons) and 8.8 Hz for SS4. idr{ereas, for the lower speed of 2 knots
B =3.41 Hz for SSO and B=4.45 Hz for SS4. These estimates are .used in
Section II.E. to determine the frequency resolution and pulse time duration

requirements of the system. [II.A.2.].

o RN RS e A v S a7 i Sons Lot Yo +4 33 T
"

I[.D.3 DOPPLER SHIET

-

P gy

In Section I1.0.2 it is shown that vehicle-current motjon results in fre- ~ ‘;
quency dispersion of the transmitted signal. Vehicle-current movement is
also responsible for doppler shift. Doppler shift is the contraction or ex-

pansic?r'\ of the time axis due to the relative velocity between the receiver

A5 ReiBlertos) . EERUREE -‘a-n—wmwm . . “ e e .
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o ‘and transmitter. It is a function of the relative velocity; velocity of sound

in the medium, and the operating frequency. fII.D.].].

>
-h
1]
o)<
-

v

where v 1is the relative velocity, C is the velocity of sound in water and
f ‘is the operating fr;/ezquency. ‘

e . - .
v

— '/In' practical terms,
af =+ .345 Hz/knot [f(KHz)]

for the operating frequency of 8.192 kHz, we have

<

af =+ 2.82 Hz/knot :

which, for a vehicle velocity of + 4 knots and current velocity of + 2 knots

becomes,

-

Af =+ 16.96 Hz maximum

T

P

+The + sign indicates that the approaching ship produces a higher frequency
(time compression) and a receding ship produces a lower frequencg/ (time ex-
pansion)..

The band of the transmitted signal covers 2048 Hz; therefore the maximum

e
e et a

doppler will vary from 14.83 Hz to 19.0 Hz. Correction for doppler shift as

it

will be explained. in Section II1.D. is based on the average’shift in the

ﬁand;.'

-
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IILE. SYSTEM REQUIREMENTS i ) ‘
In the previous sections, environmental parameters which affect :

underwater acoustic communications were discussed. These estimates

determine the system requirements of both the Bottom and Deck units.

For reliable communication, the Bottom unit must provide adequate signal
1eve]ls‘ in order that sufficient sianal levels are received by {he Deck
unit.  The Deck unit, on the other hand, ‘must have sufficient dynamic
’ gain to accomodate different signal levels, Time uncertainty, L,
and frequency uncertainty, B, will determine the transmitted pulse
duration and fr,equenéy resolution of the tones transmitted by the Bottom . &
unit. Frequency spréad must be considered in the Deck unit if accurate
evaluation of tonal energy is to be made . " Doppler shift can be minimised K i
by keeping low vehicle speeds (< 3 knots) and corrected by‘the use of

N

spgcia]ised hardware in the Deck unit.

Nt b B e

The telemetry system utilises MFSK signalling with M= - ary
cha}‘acters, . N=8 characters per baud, and D=5 - fold frequency diversity‘.
The required error probability per 16-bit. message is M0-4. [11.E.1.].

To achieve this, average total anq average per tone received energy-to<
noise power density ratios per message are 30 dB and 14 d8, respectively. 1
A (32,16) quasi-cyclic code provides a net signal-to-noise ratio gain
(coding gali_n) .of 3.6 d‘B.‘ Therefore, the S/N requirements are reduced ' !
to 26.4 dB total and 10.4 dB per tone. [I1.E.1.]. After correotion for ’
the pulse 1ength\ of 125 ms, the average S/N required is 22.43 dB/tone.
Table II.E.1 summarises the signal power-to-noise; power density ratio

‘ per_tone (dB) ‘at 8 kHz for SSO and SS4 at two communications ranges .

C[ILETLD. '
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R'=~1.094 Kyd . R = 2.187 Kyd 2
PL{coh) PL{incoh) PL'(coh) PL (incoh) E
isvp . sse .ss4 SSe SS4 ss¢  Ss4 SSe¢  sg4 ?
A 2.0 21,3 28.0 25,3  14.0 10.3 2.1 18.3 3
B 22.4 20.9 30.5 30.5  32.7 32.%  30.8 0.8 1
c 9.2 5.6 28.4 32.9 249 0.2 2.1 5.9
D 35.7 3l.6 32.0 29.3  17.1 18.6 4.2 19.9 ‘
E - 9.6 24.5 28.9 26.2  24.1 20.6 o23.9 21.3 ‘
F 27.4 22.7  27.2 24.3 22.3 18.0 18.2 14.9
6 (ss3) 20.1 26.8 7.2 9.9 5
Table IT.E.1 AVAILABLE S%GNAL PONER-TO-NOISE POWER DENSITY ;
RATIO PER TONE (dB) AT 8 KHz FOR VARIQUS L~ » ;

ENVIRONMENTAL PARAMETERS AND TWO COMMUNICATIONS
RANGES .

\ )

The averages of the coherent and incoherent S/N ratios of Table

e B e b

P U DR

I1.€.1 indicate that the signal-to-noise ratios per tone at the Deck
unit are-between 23.3 dB and 34.25 dB at a range of 1.094 l:(yd for sea

state 0 and sea state 4 respectively. This range of sigr‘ua]-to-noise

SREI I SR

®°

i
ratios is adequate to meet the requirement of 22.43 dB for an error §
-4 g . ® |

probability of %10 4.— The S/N ratio is also satisfied for most of
the cases at the longer communications range of approximately 2 Kyd. k

The Bottom unit is equipped, with a transmitter capable of delivering 6.2

watts of power, sufficient for reliable communications at distances

©oup to 2 Kyd. {11.£.1.].
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To determine the fixed and variable gain required in the Deck unit,
<

" a knowledse of the received signal levels will be required. From /

Table I1.B.} the maximum propagation loss, (PL) is 63.4 dB at 1094 yds.
Using the PL loss gu;aphs from [I1.A.2.] we obtain a propagation loss of
30 dB for a distance of 100 yds. This implies that the gain can change
by as much as 33.4 dB depending on the range. Since the ship can be
moving towards or away from-the Bottom Unit, there is a need fof qain .
édjuétment’during transmission. g

Signal levels at the transducer at a {ransmission range of 1 Kyd
with a Bottom unit transmitter output of 6 watts varies from 1%V to
11.9 mV'per tone depending on the p;ropagation loss [I1.£.2.]. The Towest
signal level of 119uV/tone requires 98.5 dB gain to produce a 10-Volt
signal at the input to the analog-to-digital convertor. Since there are
44 tones, a 16.43-dB (10 log 44) reduction in gain is required. There-
fore, the maximum gain of the preprocessor should be 82.07 dB of which
33.4 dB is variable.

Frequency spread B was estimated in Section II.C. for ’two vehicle\
speeds. For a vehicle speed of 5 knots the spread was 8.3 Hz to 8.8 Hz
depending on the sea state, but for low speeds of 2-3 knots, the esti-
mates ranged from 3.41 Hz to 4.45 Hz. The lower speed estimates are
relevant to this application as the ship is expected not to ex?eed
3 knots. The Bottom unit transmits data for 125 ms in a 250 ms period;
as a result, the transmitted tones have a bandwidth of 8 Hz (1/.125 Hz).
IThe tones arriving at the receiver will be approximately 12 Hz wide.
The Deck unit performs a spectral analysis of the received signal by

passing it through a bank of 6 Hz-wide filters. To consider\the total

1
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energy of the received‘tone, the Deck unit adds half the energy from the
tone bins adjacent to the received tone, in effect increasing the band-
width of the filters to 12 Hz. The soft;/are algorithm to implement

this conversion is described in Chapter IV.

In Section 11.0.3, doppler shift for a vehicle and current velocity

>~ - of 6 knots was calculated to be +16.96 Hz. The Deck unit must incor-

-

5

porate circuitry for this doppler shift. Since it is practically impos-
sible for changes in ship's speed to occur instantaneously, sudden 4
dob\bler shifts will not occur. It is adequate if doppler corrections
are nade once every 1/2 second, which is the time required to transmit
one 16-bit data werd and its 16-bit code word,

To summarise, the requirements for the Deck unit dué to environmental

conditions are the following: .

(1) Signal amplification up to 82 dB, of which approximately

34 dB must be variable.
(2) ° To compensate for frequency spreads of approximately 4 Hz.

(3) Doppler shift correction of at ldast +16.96 Hz.
&

>

In the following two Chapters, hardware and software algorithms

used to satisfy these requirements are discussed.
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_ CHAPTER 111 . j
. HARDWARE_DESIGN AND_IMPLEMENTATION -

-

I11.A SYSTEM_OVERViEw \

o

. ( .
This chapter describes in detail the hardware used ,in the Deck unit.

As shown in Figure IIT.A.1, the Peck unit consists of six functional

blocks. The hardware description is separated into six sections, each PR
2 . - .

covering one of the functional blocks. Central to the Deck unit, be-

~ el
causé it controls all aspects of .the processing, is the CPU module des-

cribed in Section III.B.‘ The 16-bit 8086 CPU performs all the signal
processing, except the FFT algorithm. The microcode used to suppdrt,a11
the software routines described in Chépter IV is all stored on the (PU

module. The CPU module memory consists of 6 K of ‘ram memor} for storage

of data and constants, .and 4 K of eprom with the machine code to sup-

e

port all the progessing. Since the 8086 processor is interrupt driven

from four sources, an interrupt controller is includedsto provide ériori- . :

tizedsinterrupt level control. A clock generator supplies the 4.9 mH§ i '-‘

c]odk neébssary for‘the CPU and a wait state generator synchronize$ the §
CPY with slower peripherals. Al1l decoding for memory and 1/0 is perform- .
ed on the CPU module. . Since the CPU communicates with all the moduies,

—except the intérrogétion unit, thé nature of the bus timing is covered

Cin detail. | | '

*  The remaining functional blocks under'éhe control of the CPU are: ~ f

(1) The time gynchroéizer, (2) The preprocessor; (3) The FFT pro-

. ) R %
cessor, and (4)° The RS 232 serial port. The timing synchronizer is
covered jn Section I111.C and detects the four pilot tones transmitted }
A4 3 ‘
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*

from the Bottom unit and supplies this information to the CPU. The pilot

tones are used for initial time synchronization, as well %s periodic

-

time resynchronization of the system. First the pilot tones are trans-

lated down in frequency, before being passed through four sharply tuned

\

bandpass filters. The outpuﬁ of each filter is rectified and integrated,
and then the four detected outputs are summed to provide incoherent fre-
quency divers%ty protection for the synchronizer. The comb}ned output
of the four integrators is then digitized at the rate of 256 Hz by the
CPU. The resulting 8-bit samples are used as input toAa 7-point Finite
Impulse Response (FIR) filter for estimation of Bottom unit transmissioq

time, The FIR filter coefficients are those of a relatively wideband

-
]
el

differentiator.
The preprocessér consists of an anti-aliasing filter followed by -
a preamplifier with 16 dB gain. To prevent fadiﬁg, a gain-programmable
amp]ifiér provides 78 dB of dynamic gain. A voltage controlled oscill-
ator (VCO) with‘g range of 8192 Hz + 18cﬁz is included for doppler cor-
rection. Qther devices include two mixers for shifting the signals down
to baseband, followed by two filters and two 12-bit A/D convertors. The
A/D convertors are sampled at a rate of 3072 Hz, with 512 complex samples

stored for the FFT processor. Both the gain-programmable amplifier and

.VCO are controlled by the CPU. The preprocesso; is covered in Section

ITI.D.

‘

For spectral analysis and subsequent MFSK demodulation, a fast Fourier

transform (FFT) processor is employed. Section III.E. begins with a re-
view of different FFT algorithms, followed by a description of the

algorithm selected. The hardware consists primarily of a 2K x 16 ram

—
.
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for input saﬁp1e and temporary storage; coefficient storage for the im-
plementation of the FFT butterfly; and a 16-bit adder/subtracter and a
high-speed 16x16-bit multiplierfaccumulator, used to implement the but-

/

terfly. A 32-step microprogram prdvides all -the signals for the p@oces—
sor. Three different address schemes are required and are all generated
in hardware. The time taken to process a 512-poinl complex fFT is 30 ms.
The RS 232 seridl interface is covered in Section III.G.‘ ptorage of
data to external peripherals is possible at baud rates of 110 to 9600.
The final module, tha interrogation unit, produces five tones with
a maximum power of 6 watts to drive a transducer. The five tones are
produced by a rom look-up table and a frequency multiplier. A single
chip commercial audio power dmplifier with a step-up transformer provides
the required drive for the transducer. The interrogation unit is con-
_trolled by the operator, and is covered in Section III.F. ﬁ&
‘Wherever possible, all the hardware design is detailed, hJWeuéf,
due to limitation on space every gate and resistor cannot be covered,
therefore this description of hardware deals with the most important
devices. In cases where a device is used more than once, only one
explanation is given.” Multipliers are a good case in point, as fre-
quency translation is often required. Since only one type of multiplier
was used and since the applications, save for.the input f;equencies, were
the same, oné detailed description is presented. Another important
piece of hardware are the filters used. The Burr-Brown universal active
filter was used extensively; here again, one detailed explanation is
presented.

The presentation of the filter designs gave rise to another problem

for this thesis. The subjecg is covered in the Appendix where all

g;‘
:
i
|
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the design equations are shown. Three types of filter_impiementationl

were used: Butterworth, Chebyshev, and Elliptic. The Butterworth filters

are used in tﬁe preproéessor, where a flat passband amplitude response
is required. The Chebyshev filters are used in the time schhronizer
for pilot tone detection, where phase is unimportant, and selectivity
is a consideration. The front-end filter used is an elliptical type,.
as these filters have rapid transition band roll-off. [II1.A.0..].

In the digital hardware, the 8086 CPU is dealt with in detail as

its performance is central to the system. The 16x16-bit TRW multiplier.

also deserved attention for its importance in performing the FFT but-
terfly gperations. Finally, circuit d%agrams are shown with the text

o * 3
and whenever necess$ary, tables are included.
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III.B. THE CPU BOARD -~
ITI1.8.1 INTRODUCTION .

AThe CPU motherboard provides all the timing, control and sforage
requirements for the system. It consists of an 8086 16-bit CPU, with
8k of RAM and 4K 6} Program Prom. A wait state generator is utilised
in order to facilitate communication with slower peripherals. A 4.9 mHz

-

clock provides the basic timing for the system. Included on the board

is an interrupt control}eﬁﬁwith 8 interrupt levels. All the buffering
and demultiplexing of the bus is implemented on the board and distributed
throughoyt the system via the back plane. Fig. IIL.B.1 is a block dia-

gram of the CPU motherboard.

8282
CLOCK/ ADDRESS | ADDRESS. BUS, - - :> )
WAILT . LATCH
STATE '
GEN: 8086
CPU .
8286 6Kx16 4Kx16 ;
DATA s
BUFFER RAM PROM :
4
3
—_—_ INTERRUPT ,
BASE CONT: <: DATA BUS
GEN:
-

' /

e

Fig. II1.B.1 BLOCK DIAGRAM QF CPU MOTHERB?ﬁ&Q/;/////
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iII.B.Z ARCHITECTURE OF THE 8086 CENTRAL PROCESSING UNIT

The Intel 8086 Central Processing unit is a 16?bit microprocessor
with 16-bit internal and external baths, one megabyte of memory address
space, and a separate 64K-byte I/0 address space. Performance of: the
8086 is seven to ten times better than the B08CA. The improved perfor-
mance is realized by combining a 16-bit internal data path with a pipe-
1ine archifgc;ure éhat allows instructions to be prefétched during space
bus cycles. Also contributing to this performaﬁce is a compact instruc-
tion format that enables more instructions to be fetched in a given $
amount of time. Pipelining is made possible by having-two separate proces-
sing units within the CPU. The execution unit (EY) executes the instruc-
tions; whereas, the bus interf&fé unit {BIU) fetches the instructions,
reads operands, and writes results. The two units can operate indepen-
dently of one another aﬁd are-able, under most .circumstances, to

extensively overlap instruction-fetch with execution. Refer to

Figure II11.B.2. [III.B.1.].

w: {Estcure ] (o]
N | oo ] ] Door ) (oo ] [rooc ]
sos: [ogv ] Doy ] [Cewr ) ot ] (Cosr | [sver ] \

INSTRUCTIONS STREAM
Ist INSTRUCTION (ALREAOY
. FETCHED): EXECUTE AND VAITC
RESWLY
2nd INSTRUCTION; T
EXECUTE OmLY \ <
e
. 3rd INSTRUCT ION: .
READ OPCRAND A (XICUTE
¢
ath INSTRUCT ION: '
(WOEF InED)
T Sth INSTRUCTION: '
[:::]cmunum :
2

Fig. III.B.2 OVERLAPPED INSTRUCTION FETCH AND EXECUTION
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I11.8.3 HARDWARE DESIGN CONSIDERATIONS

In order to interface the'8086 CPU efficiently, an understanding T~
of the 8086 bus timing is necessary. The CPU communicates with the

external environment via a twenty-bit multiplexed address and data and

-

o Ribpndsaninbnn < s et

command bus. To transfer data or fetch instructions, the CPU executes

a bus cycle, as shown in Figure III.B.3. The m}nimum bus cycle consists »

A A e

of four clock cycles called 'T' states, {11, T2, T3, T4);, In 'TY'

state, the CPU places an address on the 20-bit bus. In \T2' state , the

CPU performs a READ, WRITE or INTERRUPT acknowledge on the\Jower 16-
bit bus, while on the upper 4 bits it provides status informafttn which
can be used for &iagnostic monitoring. Duripg the 'T3' state, the CPU
continues to provide status information on tﬁe upper 4 lines of the bus,
while on the lower 16 it places write data or samples read data. It }s

in this state that WAIT states can be inserted for slow peripheral de-

vices. If no WAIT states are inserted, then the CPU will.]atch data

>
B T U PIUPUSU ! -

onto the bus. The manrer in which WAIT states are generated and inserted
is described in Section III.B.9. The 'T4' state is the termination of ;
the bﬁs sycle. IThé bus cycTe appéars to devices as an asynchronous
event consisting of an address to select a device followed by a READ or E
WRITE strobe. On terﬁination of the command, the device latches write |
ldata or disables the bus drivers. The only control the device has on

the bus cycie is to insert WAIT states. {III.B.1.].

r
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I11.B.4 ADDRESS AND DATA BUS

The mu]tiplexed.8086 CPU bus has a drive capability of‘2 mA, which -
is insufficient for this application. Furtherﬁore, some form of bus de-
multiplexing is necessary. The address and data information is time-multi-
plexed on to the CPU bus, with the address appearing during the 'T1'
cycle. TYo latch the address, the 8086 provides an ADDRESS LATCH ENABLE

 (ALE) signal to capture the address as shown in Figure III.B.4. The 8282

8-bit bi-stab]é latches are used for this purpose. 'The latches have
outputs driven by tri-state buffers that supply 32 mA dr?@e capability

and can switch a 300 pf capacitive load in 30 ns. The latches are

A
o &
-

o 0 v ot i v

3
/
s
<
i
!
1
§




i

T e i e, s Aot S minets rme mapr—

- 35 -

°

transparent when ALE is high and latch the address onto the falh‘ng
edge of ALE. Figure I11.B.4 shows the configuration of the multipTexed

B ~°

data bus. [III.B.I.]./

BHE '

A’u-h
: ? : 8282 )
Ar-Aq
) ' 0282 *)
\ ]

ADs-ADo
MULTIPLEXED

L

BME
80282

8066

ADDRESS

ALE

ADDRESS/OATA

Fig. II1.B.4 MULTIPLEXED DATA BUS
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. To satisfy the capa'citive and drive requirements of the system, the
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data bus has to be buffered. Buffering is provided by two 8086 octal

transceivers. These transceivers have tri-state outputs that can drive

loads of 32 mA on the bus interface and 10 mA on the CPU interface, and -

can switch capacitivg loads of 300 pf on the bus side and 100 pf on the
CPU side. To control the transceivers, the CPU provides two contrp]
lines; DEN to enable the drivers, and DT/R to control the direction of

the data, as shown in Figure III.3.6. [III.B.2.]. oo '

ADDAESS

e il

Arohg
a1 >
L SYsTLm
. st
4
wsenzer | 400G

onk '

DATA
| = |

07-0s

&
g
I

L
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Fig.'111.B.6 BUFFERED DATA BUS

I11.B.5 MEMORY ORGANISATION

fﬁe CPU motherboard contains 6K of ram and 4K of prom memory.
Of the 6K of ram, the lower 2K is reserved for scratch pad and‘inter-
rupt vector storage. The upper 4K is used for tidal data storage.

Above the ram memory is 4K of prom. Since program instruction can be

on odd or even address boundaries, the prom address must be capable

of selecting the upper or lower byte in the wgrd. The 8086 pPU‘;rovides

v \.
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an active low signa],‘ggg (byte high enable), to select-the upper byte,
and the AD address line is used to select the lower byte. Both these -
signals are provided by‘the CPU.and are latched in the same manner as
the address lines. ‘
The same method of byte selecfion is provided for the lower 2K
of ram; whereas,-the upper 4K of ram is only word selectable (tyo bftes)
as tidal data is 16 bits wide-and—is_always stored on eveh boundaries.
The selection of each 1Kx16 bank is accomplished by decoding
bits All, AlZ, Alé of the address bus. An 8205 three-to-eight decoder
is suitable for this purpose. Table III.B.1 describes tﬁe manner ™n
which memory banks are selected. . To protect against memory or [/0
address conflicts, the memory-I/0 (M/JO) line is also used to enable

. the decoder as shown in Figure III.B.7. Individual word and byte selec-

‘tion is provided by address lines Al thru to Al0.

15 —
« 0 b———————0 TS MEMORY BANK OH'
Can " AO ] o:—:—-——o TS MEMORY BANK 800 H
CGaiz O r——a 2 p-————o § MEMORY BANK 1000H
A3 — A2 3 p——————0 TS FRONT PANEL DISPLAY 1800H

“e205 2 P————"w — TS MEMORY BANK 2000H FFT

J o—g————o TS MEMORY BANK 2800H FFT

6 P ‘ OUTPUT ENABLE

£, " 7 7 PROM PROGRAM
3 . MEMORY

Fig. ITI.B.7 MEMORY BANK SELECTION
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MEMORY
OUTPUTS BANK

M/10| A/3[ A12) ALT.1 01 2 3 4 5 6 7 ADDRESS

1T 11 DISABLED

1 ol*“0| 0o {0 1 1 111 OH

1 o} ol 1 01 1 1 1 800H

1. 0 1 0 |11 0 1 1 1 | 1000H

“7 l .
1 0 1 1T L1 11 1 1 1 | 1800H

T ] 0 |1 1 1 1,0 1\1 1 | 2000H

0
1 1} ot 1 |1 171 1/1 o}1 1 | 2800H
1 11 1] 0 1 1 111 1 0 1 |FoOOH

LI R T N R R I O T \1 1 1 0 |F8O0H

E1=GND, E2=DEN, E3=M/10 &
Table I11.8.1 TRUTH TABLE MEMORY BANK SELECTION

T

i

II1.B.6 TIMING FOR MEMORY READ, WRITE, AND:SELECT

\

MEMORY READ

The read timing consists of conditioning the bus, activatingvthe
read command, and estab]iéhing the data transceivers enable and direc-
tion control. Data transmit-receive (DT/ﬁ) is established early in .the
bus cycle T1 and stays active until T4. The BEE signal (data ;nable)
must allow the transceivers to propagate data to the CPU with the ap;
propriate data set-up time and continue to do go until the required
data hold time. The DEN turn-on delay al]ow; 127 ns transceiver enable
“time prior to valid data required by the CPQ. rSince the CPU data hold
' |

time and DEN turn off delay are both 10 ns minjimum relative to the same

4 rsesbme s
- .
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’
. L]

. LN .
clock edge, the hold time is guaranteed. Furthermore, DEN must’disable

{

the transceivers before the CPU redfives the bus with the next. address;

-~

however, the transceivers are disabled at least 105 ns before the CPU

drives the address onto the multiplexed bus.l[III.B.Z.].
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' . The_memory chips used in this system are 214243, 1kx4 static rams,
with a maxilum access time of 300 ns. Since the minimum delay from read '

, ~ .

,active to valid data at the CPU is 205 Qf’ it is necessary to slow down
' (\t‘ ) ' -
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which is sufficient for the 2142-3 ram and its maximum acceés time of '

300“,5‘{5."‘S.ee Fi’éure I11.B.9 for the RAM timing requirements. (111.8.2.].
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Na

MEMORY WRITE CYCLE

t

= § mHz) would increase this time to. 205 ns + 200 ns = 405 ns,

The write cycle involves providing write data to the RAM, genera-

ting the write command, and controlling the data bus transceivers.

DT/'I?,' the transceiver direction control is conditioned by the CPU to

transmit at the end of each read éyc]e and does not change during the

write cycle. Therefore, DEN can be Scfive early while the addresses

aré valid since the transceivers are already driving the memory bus.

The write command and the write data are ‘both enabled at the trailing
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‘edge of T2. MWrite data becomes valid 100 ns after write is active,
theréfore, the 2142-3 ram should be able to capture data on the trail-
ing edge ‘of the write command. The data from the 8086 is valid a mini-
mum of 300 ns before the trailing edge of the write command; this is seen
to be more than 5ufficiént, as the 2142-3 ram requires data to be valid
150 ns before the write rising edge strobe. The write ;ulse width re-
quired for tﬁe 2142-3 is 300 ns, which is well within the range of the
write command of the CPU at 340 ns. DEN is disabled 18 ns after the
write command, but this is of no consequence as fﬁg 2142-3 ram Trequires
6 ns for data hold time after fhe write command. Tﬁerefore, no wait
states are required as in the read cycle. [III.B.2.].

Individual memory bank selection is implemented by décoding address
lines All, A1Z, A13, as previously mentioned; further conditioning
of the address lines is provided by M/10 and DEN, Refer to Table III.B.1
For the 2142-3 memory chips, chip*seﬁect (C®)~to-output valid time is
100 ns, and since CS is dependent on M/10, address line settle time,
and DEN which is active 127 ns prior to valid data, CS-to-data.valid
times of the 2142-3 are T?t. During the write cycle DEN is enabled by

ALE, as shown in Figure III.B.10 and therefgre is not a factor.

II11.8.7 INPUT-QUTPUT DEVICE SELECTION

/0 device selection is accomplished by decoding the A3, A4, and
A5 address lines through an 8205 three-to-eight decoder. M/I0 and DEN

are used to enable the decoder, as shown in Figure III.8.11 and Table

I11.8.2.
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I/0 PORT SELECTION

INPUT-QUTPUT PORT DESCRIPTION

MUX:

INT:
‘UART:

ATODST;

" FFTGO:

AGCPRT:

An output port that controls the A/D convertors in the

FFT channels.

Interrupt control ier.

RS232 serial interface port using 8251 uart

Status _.of A/D convertors 1:n FFT channel and FFT data

CS FFTGO
TS AGCPRT
TS VCOPRT
TS SYNCHRO

input port.
15 E 0
2IAGUS | 15 BIT OF DATA (12 BIT SIGN EXTEND.)

Control port for FFT processor.

Port to control gain of -programmable amp]ifjeri i

.
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preprocessor.
VCOPRT: ° Port to°contro]<voltage controlled oscillator in  * .
preprocesscr. " ] !
SYNCHRO: Input data from time synchronizer A/D.

Table II1.B.2 describes the manner in which I/0 port selection is

‘__ _ _ _w.A_A
-

accomplished.

OUTPUTS 1/0 |
M/10| DEN| AS{ M| A3| 0 1 2 3 45 6 7 PORT |
] 1ix ] x| x 111 1 11 11 | DISABLE . i‘
1 0 x | x|x 1 11 1 1 1 11 | DISABLE \ f
0| vx |x|x | 1 11111 11 | DISABLE

. o f ofofolof 0 11111 11 | MK

0 0f{0 |01 1 01 1 11 11 | INR 1
0 olol1]o (1 vo 1 11 o1 UART .
o | ololil1 | v 11011 11 |moosT

0 011 3)0¢0 T 1.1 vy 01 11 FFTGO

4o s i .

0 0l1 |01 111 V10 17 AGC
0 ol1 {110 T 11 171 1 01 )
0 o]1 |11 1171 11110 SYNCHRO

£1=DEN, E2=M/10, E3=45V
Table I11.B.2 TRUTH TABLE I/0 PORT SELECTION

111.8.8 ,THE CLOCK GENERATOR

v The clock génerator provides all the timing for the sysfem. An ‘N
Intel 8284 clock generator driver which accepts a crystal input was ‘
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g .
. used for this purpose. A crystal with a fundamental frequency of

14.7456 mHz was chosen as this frequency was a multipie of the baud
rates and al'l the other frequencies required, such as the 256 Hz syncH-
ronization data sample; 3072 Hz data sample rate; and 4.9 mHz CPU
clock. The clock generator itself divides the crystal frequency of
14.7456 mHz to produce a 4.9 mHz clock for the CPU. It provides two
internally synchronis,eé signals reset (R;'ST) to initialise the system

on pdwer up or when resef ménual]y and regdy {RDV) which. holds ﬁhe

CPU in order to ipsert wait :states. Fi’gure [I1.B.12 shows the clock

and wait state generator. [III.B.1.].

2

+5v 14.576 -
o seok T {6
8
RES [
—-{ 1102 L B .
i - FI F/C )
S
8284 0
AENT
ROYI
ROy _RENC
CLK [*
- o——nFmsli 22 |2 g
bt s ' 4 L.
] ROY RsT . LK
ey ’
e N g
C T,
(LR
8086
L N
cPU
WR . ‘ \

Fig. ITI.B.12 CLOCK AND WAIT STATE GENERATOR
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The sample and time-based clocks are generated by dividing down the
peripheral clock (PCLK) output of the clock generator. Referringf"to
Figure III.B.13, the PCLK output which is half the rate of the system
clock 1'5’ divided by 2,100 and then by 8 and 12 to produce the required
rates of 3072 and 256 Hz.

I11.B.9 THE WAIT STATE GENERATOR

The wait statlg generator allows 'wait states' to be inserted into
the CPU bus cycle to compensate for slow peripherals, 1/0 or memory.
Referring to Figure III.B.12, the wait state generatof is cleared fol-
Towing every reaq, write or interrupt cycle and subsequently is enabled
at the beginning of th‘ next read, write or interrupt ¢ycle when the
clear. (CLR) input to the wait state generator goes inactive. When en-
abled, the wait state generator, a 74L164 shift register, begins to
shift a 'one' through the reqgister. When the selected number pf shifts,
two in this system, h\ave occurred pin 6 goés active high, which causes

the RDY1 input of the clock generator to go aciive, thereby causing the

RDY output to the CPU to go high. [I11.8.1.7].

I11.B.10 THE INTERRUPT CONTROLLER

Four functions O&f the system are interrupt driven; they are, in

t

order of priority:

(1) . Sample interrupt - this interrupg activated for 160 ms
. tocollect data for the FFT proc®sor. A total of 512

complex (in-phase and. quadratu?e) samples are collected

L i
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*
)
 at a 3072 Hz rate.
(2) Time-base inter;rupt - this interrupt serves as the main

time-base for the system. It determines time frames of
250 ms during which data is collected and processed. It
occu.rs every 4 ms (256 Hz). ‘

(3) Begin interrupt - this is a manual interrupt which informs
the CPU ‘to, begin processing.

{4) Dump interrupt - this interrupt allows the operator to
abort the current task and dump all data and system para-

meters to a printer or terminal,

Any one of the above can cause an interrupt by pu]]\ing one of the 8259A's

interrupt request pins (pin 18, 19, 20, 21) high. R‘e\ferring to Figure

ITT1.B.13, if the 8259A honors the request, pin‘]7 (INT) will go high,

driving pin 18,the interrupt request pin (INTR), on the CPU, high. )

Since this pin is asynchrdnous, the 8086 will accept it provided it has
beén prepared to do so via the softwa;e. The CPU responds by sending

~ a sequence of two INTA interrupt acknowledge pulses to the 8259A

(Pin 26). The first INTA only signals the interrupt controller that

the request has been honored, the second INTA pulse causes the 8259A

to place a sing]e,f,interrupt vector byte onf.o the lower half of the

data bus. The CPU reads the bus and multiplies the value by four éo

obtain the address of the particular interrupt type. Figure I11.8.10

shcws the hardware timing of the events described above. The CTPU

read/write lines are used to program (in the write c\ase) or read the

status of the B259A interrupt controller. [III.B.2.].
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III.C. THE TIME SYNCHRONIZER

?

II1i.C.1 OVERVIEW

, In order to properly demodulate the trénsmitted ton:s, some form
of synchronization is réquired between the Bottom and beck unit. The
Bottom unit observes a period of silence (no transmission) between suc-
cessive data words, Therefore, each 16-pit word is transmitted for 125

\
mi1liseconds followed by 125 ms of dead time as shown in-Figure III.C.1.~
: , ) \

e TONES M o | TONES | : -

NN S

T =15 ms | | o y
e~ 250ms — ‘ |

Fig. II11.C.1 TRANSMISSIOM FORMAT

Y

As described in Chapter 1, the Bottom unit encodes 16 pits of data
* AY

words into 40 tones as shown in Figure III.C.2

N
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11

M

. - ¢

Il

T

T

1l

T]

T

—T] 5-FOLD

QIVERSITY

~T1 TOTAL 40 TONES

Fig. I11.C.2 DATA-TO-TONE CONVERSION FORMAT

Interieaved between the five diversity bands are four pilot “tones

placed at £ 216 Hz and + 1020 Hz. These pilot tones are transmitted

regardless of the data pattern and are used pRevide syhchronization.

ot int b,

Refer to Figure 111.C.3.

N
”
PILOT PILOT PILOT PILOT
TONE TONE TONE TONE
-1020 1z 216 Hz +216 Hz +1020 itz
32 32 16 16 32 32
DATA DATA — DATA DATA
TONES TONES DATA TONES TONES TONES
8192 Hz
I 1024 Hz | 1024 Hz. I

Fig. IIL.C.3 TONE SPECTRAL ALLOCATIONS

*
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Upon receipt of the interrogation command from the Deck unit the
Bgttom unit transmits 16 prearﬁb]gs. Each preamble transmission consists
of the preamble indentification label and the four pilot tones. The
synchronization process consists of filtering of the four pilot tones,
rectification and integration of each filter output; diversity combination

of the four envelopes, and A/D conversion. Refer to Fiqure I11.§4. The

-

8-bit A/D convertor output is then used as input to a seven point finite
impulse response (FIR) filter, timing markers are derived from the posi-
tive slope of the FIR filter output. The FIR algorithm and conver-

sion process is controlled by the 8086 up. See Cha&er IV for details

—

of the filter algorithm and threshold testing. The impulse response of

which implements a bandlimited differentiator (high pass filter).

A _

AL
TONES
) [ag]
FOUR FOUR FOUR 8
o
BANDPASS PRECISTION f— 1dT: 5
pompd - | z
FILTERS RECTIFIER! 25 MS — A/D 8 a>
. T——» ) -
o
. W
8192 Hz DIVERSITY
0 COMBINER " v
6144 Hz N
CONV B
A/
’b d

Fig. I11.C.4 BLOCK DIAGRAM OF TIME SYNCHRONIZER .  ~
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[11.C.2 FREQUENCY TRANSLATION /

Upon transmission from the B&ttom unit, the pilot tones are located é
at 9212 Hz, 8408 Hz, 7976 Hz, and 7172 Hz 1in the frequency spectrum. In ‘

order to reduce the quality Q factor required for the bandpass fil- i

.

ters, the tones are shifted down in the frequency by beating the in-

coming sig‘ﬁa] with a 6144 Hz carrier., The result 6f this multiplica-

tion moves the pilot tones down to 1028 Hz, 1832 Hz, 2264 Hz, and ~

3068 Hz,

respectively. The balanced modulator MC 1496 ‘is used to per-

form the frequency multiplication. It consists of an upper quad dif-

ferential amplifier with dual current sources. The output collectors

are cross-coupled so that full-wave balanced multiplication of tﬁe two

input voltages occurs. This produces an output signal which is a con- 3
stant times the product of the two input signal's, plus other secondary ]
components, ;as shown in Figure III1.C.5. Mathematical analysis of h’near.

AC signal mltiplication indicates that the output frequency spectrum

will consist of only the sum and difference of the input frequencies.

{111.C.1]. i
§
4
.[ CO ) .
o ] -
2 C ’
g T 0
i ')(f d “
" & Kl b -
- a' L ."" ::n >
o o -
£ o =5 &% 2y w2
[ - - 1 - - . - o
eleole s'e o UJ‘G o
17l 111§ 151

fig. III.C.5 - ouTPUT SPECTRUM OF BALANCED MODULATOR MC 1496

1 CARRIER FUNDAMENTAL 1C 1 ls FUNDAMENTAL CARRIEA SIDEBAND uumomcs
15 MODULATING SIGNAL nig  CARRIEA HARMONICS
1C L 15 FUNDAMENTAL CARRIER saon‘mos ~iC ¢ nlg CARRIER KARMONIC SIDEBANOS

FREQUENLY ———————o= BALAN(ED MODULAyﬂ SPECTRUM
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v
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’ The complete multiplication- circuit using the MC 1496 is shown in

- Figur_e [11.C.6.- The multiplier is operated in the linear region %o as

>

‘ to produce only the sum and difference frequencies of ~the iﬁput signals

" _ with no other harmonics.
R R \
2 1
1K 1 . v
, &-‘\MN‘I‘V\AJ/(V» - s +15V
! R
‘ [ 77K | s 4.7¢
3 2 3~ 10 W
. CWF Ry 5F
o SIGNAL — 1Ko 12 R
IN , , MC 1496 WUt -
-~ ¢ . R R ) .
° .]UF ]4 . s .
CARRIER — . T 4, o
o, INPUT o J - )
° ‘ Fig. II1.C:6 FREQUENCY DOWN TRANSLATION ,

. [ . ' . .”, - B
To achieve thi$ performance certain biasing conditions are suggested

2 -

by the manufacturer. The signal ‘'gain is -defined as,

_ 26 mV

I ! , _ P (II1.C.1)
Avs vS Re+2re where e Isimei - .

A constant DC potential is applied to the carrier input tgnﬂinals to
fully switch two of the upper transistors 'of' and two transistors
' ]

.

'off'. Linear opegation requires that the signal input be below a

1

critical value determined by R, and the bias current . I.. "The COIfld‘i-
tion is, - |

4
4
3
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Vo < I R, (Volts peak) . : (111.C.2)

p .
The carrier level suggested by the manufacturer is 60 mV (rms); this

is the optimum value to prevent carrier feedthrough; With this input

level, a carrier suppression of 44 dB wqitachieved in the prototype.

Besides these requirements the MC1496 multiplier recuires three dc bias
voltages to be set extérﬁa]]y. Equations (II1.C.3., C.4, and C.5) define

the relationship for these Lo]tages [111.C.1].

’ . N
30 vde > [(Vgs Vqp) = (Vygr Vg)] 2 2 Ve 0 (I11.C.3)
30 Vdc 2 “{{Vygs Vg) = (Vy» ¥g)] 2 2.7 Vde (111.C.4)
30 Ve > [{Vy, Vy) - (V)] > 2.7 Vdc " (I11.C.5)

> I11.C.3. 6144-Hz CARRIER GENERATION

4 In order to shift the pilot tones down in frequency, they are mu1.1-
plied by a locaI}y generated 6144 Hz carrier. To retain some control
over doppler shift, the 8192 Hz sinusoid benérated in the preproceésor
by the JEO is used. First, the 8192 Hz sinusoid is squared, then
diviaed by four, and,‘%iﬁaf1y, the 6144‘hz harmonic is filtered. For
the squaring of tﬁe signal; a LM 311 voltage comparator with a response \

tiﬁe of 200 ns is®used. [I11.C.2]. Refer to Figure III.C.7. To provide

sope noise immunity, R] and R2 pravided a voltage threshold level

of atout 1.0 Volt. Two D-type.flip-flops are used to divide the out-

put by 4. These operations produce a 2048 Hz pulse.
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Fig. II1I1.C.7 2048 Hz PULSE GENERATOR

y The frequency\EﬁQEtrum of a 2048-Hz pu]se is shown in F1gure

I11.C.8. The Fourier series representation of the pulse is descr1bed

\ 1

_in Eq. (II1.C.6) [III.C.3] »
. oA
2A |
"
&
|
35T lf g - wiEG
f 3, bf, Tf, o, WTf_ . ©
f = 2048 Hz
° ¢
N Fig. II1.C.8 FREQUENCY SPECTRUM OF A 2048 Hz PULSE
f.
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f(t) = A(%—+ %—céswot - g%— cos 3u,t ;..)‘ . (111.C.6)

From Equation (III.C.6) and Figure II1.C.8, it can.be seen that the
pulse of 2048 Hz contains a spectral component at 6144 Hz. A fourth
order VCVS Bandpass active filter was designed with a center frequency

of 6144 Hz and a’Q of 12 as shown in Figure III.C.9. ihe.response of

" the filter is shown in Figure III1.C.10.

. - 2a R

AN
’} —0
5b
R .
3a " R3b i R4b
3.0 F "
v ¢ A

-

Fig. III.C.9 4TH ORDER VCVS BANDPASS FILT#R
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111.C.4 PILOT TONE BANDPASS FILTER

Once the incoming signal has been shifted down in frequency, the
tones have to be passed through fou} bandpass filters. To achieve
some inn@nity from doppler shift and adjacent tone interference, the
filters were designed with a bandwidtﬁ of 36 Hz, since the maximum dop-
pler shift envisaged was + 18 Hzfand the nearest tone was 1océted 24 Hz
away. This requ1rement imposed very stringent requirements on the fil-
ters. Six-pole Chebyschev filters with a rlpple of 1.5 dB were chosen
as these type of filters. These filters provide a hiqh ro]l-off at the
cost of increased ripp]e.

The UAF 41, a un1versa1 active f11ter, was ideal for this purpose

due to 1ts simplicity in design and the h1gh Q's obtainable. It is a
)
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versatile 2-pole active filter using t?e state variable technique te
produce a basic second order transfer function given by Equation (III.C.7)

[II1.c.4.].

ABP(MO/Q)S

S+ (ug/Q)s + ul

TBP =,

{fIII.€:7)

The state variable approach uses two op-amp integrators, A2 and i
A3, and a summing amplifier Al to provide simultaneous 1owp$ss, band- |
pass and highpass responses as shown in Figu;e II1.C.11. One UAF4]
is }equired for each pole pair of a bandpgzs filter section. [III.C.4]. '
Design equations supplied by the manufacturer, Burr Brown, were used to
ca]c;late the valqes of RF]’ RFZ’ RG’ and RQ. A Fortran program
also supplied Was used to make the lowpa§s to bandpass transformation.

'The final design configured three UAF;I active filters, one tuned to y
the tone frequency, and the other two to #15 Hz of the tone frequercy. : o
Each filter was designed with veryRigh Q's. The response curve of one |

f

of the filters is shown in Figure III.C.12. Figure II1.C.12b denotes

the different specifications of all the filters.
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II1.C.5. PRECISION FULL-WAVE RECTIFIERS

The éutputs of the four bandpass filters are converted to their '
equivalent RMS voltage by precision full-wave rectifiers, refer to i
Figure III.C.13. Two LM 308 precision operational amplifiers having
offset voltages of 2 mV are employed for this‘purpose. Al is used as
a half-wave rectifier that produces an inverted halfwave of the input
signal. A2 is used as the summer where the two inputs are added with !

the proper amplitude and phase to produce a full-wave rectifier output.

.

100K
. FROM OTHER
%, DIVERISTY CHANNEL
RECTIFIERS
BT 27uf

Fig. III1.C.13 FULL-WAVE PRECISION RECTIFIER AND DIVERSITY ' B
. COMBINER 3

. v

g}

~

- ' For negative input signals at le the output of Al is positive,

forward biasing D} and closing a negative feedback loop through R2'

" This produces an inverted gain of alﬁost exactly one, since R] and

/

R e G oty 4
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R2 are closely matched. For positive input signals, the amplifier .
output is negatiye aﬁd .D] is 0ff. 02 is on in this case, applying
negative feedback to the summing point and clamping the op-amp output
to -0.6V. The outbut is added to the original input signal in A2. |
Positive signals at V]N result in no output at V] due to rectifica- {
tion. V,, feeds A2 through a 20 ke resistor and V, s fed through a }
10 ko resistor. The net effect of this scaling is that, for equal f
amplitudes 6f V]N and V], V] will produce twice as much current
flow into the symming point. The positive cycle of V] produces twice
the input current of that caused by V]N" This causes a current of pre-
cisely’ha]f the amplitude which V] alone would generate due to the
subtractfon of Vkﬂ . It is the equivalent of having V] feed through ;
a 20 k@ input resistor and ‘having V]N zero during this half cycle, - !
and results in a negative-going output at‘AZ. During the positive cycle-
i ) of V1N, V] is absent and/\[1N produces the alternate output swing

which, in summation, produces the desired full-wave rectified response.

T i o ) . ‘
A2 served a double purpose as a summer and an integrator, with a time T

constant of 30 ms, to smooth the ripple of the full-wave rectifier. ‘ 4 ¢

-~

IT1I.C.6 DIVERSITY COMBINATION ;

The rectified outputs of the four pilot tones are summed in order to

protect against fading which may affect the amplitude of one or more tones.

The diversity combiner is simply a summing amplifier, with a gain of -1.
An LM3Q8 operational amplifier sums the outputs of the rectifiers which

are negative, to produce a positive output as shown in Figure III.C.13.




111.C.7 ANALOG TO DIGITAL CONVERSION

The diversity combined output in Figure III.C.14a is sampled at a
rate of 256 Hz by the CPU. The data obtined is used as inputs
to the 7-hoint FIR filter. The AD 7574, an 8-bit convertor with a con-

.version speed of 25 psec, is well-suited for this application. [111.C.5.].

' ”a‘ 220K
o *5V
¢, 100pr = et

BHES ciH i 13 BIN B {8 R B HH SHW Bl ] . 4 CLK Vglo) 13 - - )
Fig. I11.C.14a OIVERSITY COMBINER IN l 3 12

‘ ouTPUT N a0 0 (Coe 1 ) i

: 7574 " (B2 ) i
15 3
12 132 ) o ' . 0B 3 ‘
L 13 . —BCED
HICROPROCESSOR | Rgsgngggwi N P L S, ‘ :
OPERATION " Vo Ve AT i
— - 7 07 |- i
R M |2 . o
AD 16t§ T
5|18
_ STATUS l 41______1 |
R AD ua l .
T ouTPUT ﬂ( DATA X -2 ) v o

Fig. III%ti]4b TIMING Q]AGRAM Fig.. I11.C.14c 8-BIT ADC

The convertor is designed to be operated as a memory-mapped input
device. T8 is held low and_ the convertor operation is controlled by ' ;
the RD signal gated with the decoded device address, CS. Gating was

required due to the timing differences between the convértor and the CPU :

generated signals. The timing diagram for the acquisition of data is

-
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shown in Figure II1.C.14b. Resistor RL and capacitor, C] detérmine
the conversion time of 25 us. Ayconstant\£efeyence voltage of -10V is

assured by using a 79MG voltage regulator. The 8-bit output is there-
fore a straight bihary code. [I11.C.5.]. Refer to Figure III.C.l4c. All

control operators”are under command of the 8086 up. .Aé\fg\\

Ve oy
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II11.D.  PREPROCESSOR .
I11.0.1 INTRODUCTION

The preprocessor conditions the incoming signal for eventual A/D
conversion. It consists of 5 front-end filter, a gain programmable 4
amplifier, multipliers for demodulation, a voltage controlled oscil-
lator for doppler shift correction, sample and hoid circuits, and two
12-bit A/D convertors, as shown in Figure I11.0.1. The signal r;-
ceived through the transducer is first passed through a bandpass'fi1ter
to limit the out-of-band noise. Since thé tores at baségand occupy
the freqﬁency spectrum + 1024 Hz, a sampling rate of 3072 Hz was-
deemeq adequate. The Sampling Theorem &tat?s that “"a band-1imited
signal having no spectral components above a frequenLy BHz is deter-
mined uniquely Sy its values at uniform intervals spaced no greater

than 1/2B seconds apart". [III.D.1.]. Obviously any noise com-

ponents above 1536 Hz would cause aliasing due to under-sampling..

IZ/(Y

Refer to Figure III1.0.2. ({II1.D.2].

- - {--c0s(2-8192+A. t)

4
>
ANT1- PROGRAPABLE YOL TAGE
o—{ ALIASING AN AMPLIFIER CONTROLLER (‘ g
FILTER 05¢ \
* ‘.

' = #

sin(2-819201.t)

12-811
ol

LPF
4

Fig. II1.D.1 BLOCK DIAGRAM OF PREPROCESSOR
NOTE: ag, IS CPU-CONTROLLED DOPPLER SHIFT
CORRECTION

-k w4y B




- 65 - . ;

A preamp11f1er with a ga1n of 16 dB amplifies the signal before
band limiting occurs. Fo]low1ng the anti- a11a51ng filter, a gain
programmable amplifier controls the signal. The amp]ifier éefziifi’gf

{é{ouf separate amplifiers with gains of 2 dB, 4 dB, 8 d8, 16 d8, and 32

|

i

1

!

s . §

dB. All four amplifiers are under software control of the 8086 CPU.. - %
i

SHADED *
I AREA
w PLUS ALIAS
) NOISE
-
-l
% NOISE .

OVERLAP
e AN, —e—— .
fN ' f; = ZfN FREQUENCY —eo

fn FREQUENCY OF HIGHEST COMPONENT

fs SAMPLING FREQUENCY

Fig. II1.D.2  NOISE COMPONENTS CREATE ALIASING DUE TO i
* UNDER SAMPLING . . i

,
- - ¢
. .

Every 250 ms the CPU reads the time synchronizer port to determine sig-
nal strength and adjusts the gain of the amp]iflers accordingly. The .
ampl1f1ers’have a-total gain of 62 dB which can be changed in 2 dB
stepy. The gain-adjusted signal is then hu]tip]ied by co§(2n 8192t)
and sin(2n 8192t) to produce the two quadratﬁre channels for demodu-
lation. fhe quadrature reference components aF 8192 Hz are produced

>

.by a voltage contro]led/osci]]ator (vCo) which is under the control of

"the CPU. The VCO can make changes as small as +2Hz and has a total

y e UG R ‘A‘“‘!/' . ORI
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range of 18 Hz for dopplef correction. The two quadrature channels
are filtered using frequency fC = 1200 Hz to reject the sum components
produced by the multiplication process. Finally, the two channels

are sampled again by the CPU at the rate of 3072 Hz and converted into

_12-bit data words. The relative slowness of the A/D convertors (25 us)

necessitated the use of sample and hold amplifiers. [I[11.0.3.]. All

the software algonithms used in EEF preprocessor are described-in Chap-

/

ter IV.

[11.D.2 THE GAIN PROGRAMMABLE AMPLIFIER

'Signal strength fluctuations due to fading are a common occurrence
in,underwater communications [II1.A.3]. To compensate for these changes,
the éain of the preprocessor is adjusted to optimize the signal level
fed to the demodulator. A four stage amplifier is. used in conjunction
with analog switches to provide gain control. The MC 1458 internally
compensated monolithic operational Qmp]if;ers (op-amp) are utilized
with the analog switches controlling their gaimscontrol resistors,’ The
basic method employed is shown in Figure [II.D.3. The op-amps are
configured in the non-inverting ampfifier mode and their gain is cal-
culated by Equation (III.D.1). [111.0-4}.'

GAIN =(Rf + Rin)/Rin S (II1.0.1)

Fig. II11.D.3 SELECTABLE GAIN AMPLIFIER

—— -~
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The op-amps have a gain-bandwidth product of 1 mHz wﬁiéﬁ’is ade-
quate as the maximum frequency of the s;gna1s is 9216 Hz andhthe High-
est gain of the amplifier is 32 dB: The circuit for the preproce;sor
is shown in Fingé [I1I1.D.4. Three of the op-amps are undef-contro] of
the CPU, while A2 is under manual control. fhe amplifiers Al, A3 and -
A4 provide gains ranging from 0 dB to 62 dB in steps ofrz dB. Refer ts .
 Table II1.D.1. ’

{
- g f L
5

For switching the gain res{stors, CMOS analog multiplexers/demulti-
plexers were used. The CD4052, prodqced by RCA, Inc., is a differenpiat
4-channel multiplexer having two binary control inputs, A and B. The .
two binary input signals select 1 of 4 pairs of channels to be turned

on. The'maximum ‘on' resistance of these switches is 125q, which is ' ’
K1Y ] . . .
negligible whem compared to the resistors they are switching, [III.D.5.}.

Table II1.D.1 summarises the gain$ of each amﬁ]ifier for all the switch

Al

settinags. . B

e )
—— ’
BIT ¢ | GAIN (in dB) - " e
| sW1 | sz | su3 A, Ay A - |
0 Jooj 00| o 0 0 o
0o loo] 01 2 0 0 i
0 |00q 10 4 0 0 "
0o oo 11 6° 0 0 )
0 {01 00 |\A 8 O
0 |10 00 016 0 -
0 |11] 00 024 0 : ’
1 Jool oo | 0 o0 32 ~
u Table III.D.1 SWITCH SETTING-TO-GAIN ADJUSTMENT iN DB

¢
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‘ Reférriné to Figure [11:D.4, Al provides 32°dB of gain when select
'h’ne A.\of Swl is high and R3é is connected to ground. Resistor R32 is
floating when select 1ine A is low and Al then acts as a unity gain
amplifier. A2 is controlled by select line B which is activated b\y a
switch on the front panel; A2 is desianed for a gain of 16 dB, and is
used in situations where the sig~na1 is known to be weak. A3 is design-
ed for three leve.ls of gain which are chosen by select line A and B
of SW2; choosing R24, R16 and R8 programs A3 for gains of 24 d8, 16 dB,
and 8 dB. Simil'arly A4 is controlled by Sw3,‘which chopses the resis-
tors to provide gains of 6 dB, 4 dB, and 2 dB. In all cases when the
select lines are ?&ﬁ Tow, the}eﬂl amplifiers have gains of O dB. ’
The five select lines are controlled by \Ehe CPU via the AGC port
(AGC PRT). The AGC PRT is an 8-bit octal latch, 74LS373. Data present
at the inputs is held when the enable line is pulled low. [III.D.6].
The enable line (G) is controlled by the‘memory write WR pulse of the
CPU which is gated through a NOR gate with thé address select line of
the ‘AGC port. I/0 port selection is covered in §ect1‘cmAIII'.B.

'

I11.D.3 FREQUENCY CONVERSION (

]

.The incoming signals are down-converted to baseband. In this

method the signal'is multiplied by ‘qua'dratur'e references, sin{(2n 8192t)

and .cos(27 B192t). The multipliers used in this applicatjon are the

.MC 1496 dual balanced modulators. They are operated in the lingar mode, "

and as a~ result producé sum and difference f‘reguency components. Tilere-
fore, after multiplication there are two bands of frequencies: one

centered around DC (OHz) and the other around 1‘6’384 Hz, as shown in

€

¢ ‘ N -
. . ]
]

AN
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)
Figure II1.D.5. The design of the multipliers is the same as that des- -

cribed in Section II1.C.2 on the time synchronizer. Matched components
are used for both multipliers to keep any amplitude \or phase distor- - ‘
tions to’a minimum. o

In order to keep the sample rate low, the high frequency components

located at 16384 Hz are filtered out. A fourth order lowpass filter

with corner frequency fc = 1200 Hz is used. The Butterwortly configura-

tion was selected because of its maximally flat passband fe‘sponse.
‘Once again matched components are used in the design. The circuit ' ;
diagram andﬂ the response curve for these filters is shown in Figure
;III.D.G. The transfer function of the filter ig aiven by Equ. (I11.D.2)
A study of the résponse curve shows that the sum components are atten-
uated by more tﬁ'an 40 d8. This met design specifications. For design i

equations, see Appendix [III.A.1.].
.

| Kb K b

s HG) = () () (111.0.2)
: s +a1s+b] s +a23+b2
¢ .
NORMAL[ZED
-~ MAGNITUOE
RESPONSE

1 . ~

s < ﬂ . — ﬂ f(KHz)

.»8 -6 -4-2] 2 4 68

(\MAGNT TUDE
RESPONSE

1
. H
\ , - m M L » £(KHz)
) 1644 -12-10 -8 -6 <4 -2 | 2 4 6 8 1012 14 16
. Fig. III D.5 THE CONVERSION PROCESS, USING RECTANGULAR SPECTRA
: EXAMPLE. (a) RECEIVED SIGNAL {b) AFTER CONVERSIOﬂ
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Fig. 111.D.6a Ath ORDER LOWPASS FILTER
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[I1.D.4 PROGRAMMABLE VOLTAGE CONTROLLED OQSCILLATOR

The need for a voltage controlled oscillator (VCQ) arises because
"of doppler shift. Doppler shift is present whenever there is a rela-
tive motion between transmitter and receiver. In this application,

the Deck unit is Tocated on a ship which is in motion. The transducer
I '

b sl 16

which is lowered from the ship is under the influence of the ship's

motion and.the current of the ocean. The effect of this is to make
frequenky tor)es, transmitted by the Bottom unit, appear to be of anofher
frequencg\/\due te expansion or contraction of the time a>.<1's (r1.0.1.]. \
As a first approximation to doppler correction, frequency is varied to

compensate for this shift. In order to make the correction as accurate

T

as possible, the doppler shift is estﬂnated at several points within
the system bandwidth. An average doppler correction is then applied.

As was mentioned earlier, the Bottom unit transmits four pilot tones

A b, SOy

at 7172 Hz, 7976 Hz, 8408 Hz, and 9212 Hz. The Deck unit performs a . )
spectral analysis on the received pilot tones and identifies. the fre-

gency chanae of each pilot tone. Once the frequency shifté have been RN
calculated, they are averaged, and the CPU corrects the VCO. The

software algorithm t;o identify and correct for doppler shift is pre-

sented in Chapter 1IV. In Cha\oter 11, calculations of the maximum -
doppler'shi ft for 6 knots was found to be +16.96 Hz.  Therefore, a
programmable VCO was designed with a range of +18 Hz.  Because inco-

herent demodulation is used, the VCO has to produce qua‘draturepcom- : §
_ponents at the carrier freqt;ency.

The VCO consists of three parts; a highly stable frequency genera-

ting oscillator, a control circuit to vary the frequency, and f‘inafly,

RSl
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an interface between the CPU and the control circuit as shown in Figure '

I11.0.7.
-
j
| sin(2:8192t)
INTERFACE CONTROL :
Cj /A CIRCUIT - OSCILLATOR
d 0 cos(2x8192t) 3-

~ | o
Fig. II1.D.7 BLOCK DIAGRAM OF VCO |
A highly sfable oscillator was designed using the Burr-Brown
UAF4) active filter. The filter was configured as a biquad filter and
made to oscillate by designing for a very high-Q and by providing some
positive feedback to sustain the oscillation. The filter is already
described in éection II1.C.4. It uses two intecrators and, therefore
the quadrature comp'onents of the oscillating frequency ar:e easlly ob-
tained. The chip has a frequency stability of +0.002%/C°, with Q's
ranging up.to 500, [I11.C.4.].

The biquad design has a transfer function as described in Eq.

(111.D.3),
\
v Kuw,_s/Q
V_Z. - —2 . - (I11.03)
1. 2, %, 2 . '
o

The biquad 'fi1tgr has some unique fea'tures which enhance its use
for this application. The centre frequency is.easily tuned by ad-

justing one resistor Rf, as shown in Figure I11.D.8. The absolute

a
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bandwidth of this filter does not change with changes in center fre-
quency. [II1.D.7.]. N

'The filter is tuned to 8192 Hz using the design equations described
in Appendix VI.D.1 This results in a value of Rf, of 19.433 Kohms.
»A variable resistor is added in series with Rf, for fine tuning.
The Quality (Q) factor determining resistor RQ is not used, which
gives the filter a very high Q. A 1.0MQ resistor Rp is added to
the regular biquad design between pin 12 and pin 7 of the 1‘)1'1ter, for
some positive feedbaék. Finally 1in order to keep the output in the
linear region (no clipping), two diodes in paraliel and a voltage
divider RS and R6 provide negative feedback. The two diodes make the
feedback non-linear, since their effective resistance decreases when
the level increases. )

An operatiéﬁa] transconductance amplifier (0TA) is used in parallel
with Rf, to change the frequency.“ The output resistance of an 0TA
'is modeled as a current source in parallel with the output resistor.
[I11.D.8]. The CA3080 is a programmable CTA suitable for this purpose
as its gain is made fully adjustable by controlling the current
flowing through its control pin.  Refer to Figure 1I1I.D.8. Changing

the gain of the OTA which is in parallel with R_, drives current

f
into pin 8 of the filter, changing the effective resistance of Rf,
and therefore, the frequency.

To drive the QTA control pin, a MC 1408 digita]—td-ana]og (D/R)
converter is used. The D/A convertor in turn is driven by the VC0
port, consisting of a 74L.373 octal ]ﬂatch. The writing of the VC0 .

coptrol word by the CPU into the Tatch is exactly the same as for the

programmable ampli fier described in Section III.D.2. The 8-bit byte «

]
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is then converted to a current.which is used to drive the 0TA. The
MC 1408 is an 8-bit monolithic convertor whose output current is a
linear product of an 8-bit digital word. [III.C.T]. Res'istors R7.
RB’ and R9 are u;ed to scale the output current to provide +20 Hz
shift 1in frequency.) Tat;le 111.D.2 shows the relationship between the

control byte and output frequency.

CONTROL BYTE D/A-OUT FREQ. ({Mz)
VoL TS
0010 0000 1,556 2.1
0010 1000 -1.724 8210.4
00l 0000 -1.89s 8208.7 -
001 ¥ 1000 -2.06 8207.0
0100 0000 -2.23 £205.3
. 0100 1000 -2.40 8203.7
0101 0000 -2.57 . 8202.0
0101 1000 274 8200.5 i
0110 0000 , 2.9 8198.6
0110 1000 ¢ -).08 8196.9
ol 0000 -3.28 . 8195.2 ('
0111 1000 23,42 8193.6
1000 0000 +).89 8191.9
1000 1000 .76 8190.2
1001 0000 -3.93 . 8188.§
1001 1000 410 © o 8186.8
1010 0000 .27 8185.3
1010 1000 NN 8183.4
1011 0000 461 . 2181.8
10t 1000 : 4,77 0180.0
1100 0000 -4.9% 8178.)
100 1000 S 8176.6
Hot 0000 . -5.28 BIre.8
10l 1060 -5.88 Nnna
1110 0000 -5.62 Bi2).4
}

Table II1.D.2 RELATIONSHIP BETWEEN CONTROL BYTE AND VCO FREQUENCY

111.D.5 QUADRATURE CHANNEL ANALOG-TO-DIGITAL(A/D) CONVERSION

The two quadrature channels produced by the multiplication and
filtering process are the input data stream for the FFT processor.
These twov analog channels have a bandwidth of +1024 Hz and are sampled
at a rate of 3072 Hz. It should be noted that the FFT input requires

a time record of 512 complex data points. This means that in order

o meemecse e p e e - ———
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to fill this memory, data must be collected for 1/6th of a second.

However, care. must be taken so that the two channels retain the same

phase relationship throughout the convgrsion. Any phase error would
A

result in unwanted harmom‘c’s. [@II_.D.@]. One possible source of error

is the amplitude changes of the input signal during A/D conversion.
The 12-bit A/D convertors used were manufactured by Analog Devices Inc.,
and had a conversion speed of 25 us. T!n‘s implies that a 1 kHz signal
would vary by as much as 9° (360x25/1000). A study of system perform-
ance with different phase error shqwed that the system would not tole-
r’ate more than +1° phase difference [111.D.9]. As & result, sanllple and
hold (S/H) circuits were used to hold the siL&gna1 steady during A/D
conversion. Refer to Figure IT1.0.11. ° tn
The'S/H circuits used for this purpose were the LF 398A, produced
bf] Natipnal lSemiconductor, Inc. The LF 398A are monolithic S/H cir-
cuits which utilize Bi-FET technology to ol;tain ultra-high dc accuracy,
with fast acquisition of signal and low droop rate. Operatingas a
unity-gain follower, dc gain accuracy is 0.002% typ‘ical and acquisition
time is as low as 6 us which is f\gst enough for this application, as‘
the hold signal also Serves as the sample interrupt to the CPU and the
response time of the CPU to an interrupt is 12 usec after the hold
signal is given. A polystyrene capacitor was used for CH‘ polystyrene
capacitors have low leakage and very low hysteresis. Refer to Figure

tllI.D.H]. The output droop for a .01 uF capacitor ’i\s~8x10'2 V/sec.

[rn.c.21.

Due to the Tack of time, two A/D convertors were employed. The

AD 574A shown in Figure 111.D.9a is a comptete 12-bit successive

)




- 78 -

approxi‘mat‘i on type A/D convertdr, with 3-state output buffer circuitry.
The device consists of two chips, one containing a precision 12-bit DAC
with voltage reference, the other containing the comparator, successive
approximation register, clock, output buffers, and control circuitry
[ITI.C.5]. It is used in a bipolar configuration and accepts analog
inputs of +10 V. -Calibration is provided by the trim pot R. The stand-
alone mode was selected for this application as it required the -least

amount of control lines. Figure III.D.9b shows the timing requirements

for a single conversioa. .

L. S ' =t ovrnny

wd | 4| n | ————— -
we .
TAs e M0 n nfm eluivthe ! — _/—\
. o «/C '

wia | was | wl

comteoy I8TATE SUTRVT BUIPER

o Lk SUS'—"

N aterarnce
| Towe
---‘-----ADS74A-:J»-~----‘;--------
sten
ras 1naLOG CHw

e DATA

!
I

:-:“ . TR . —\ HI-Z
00 - 07X _ )
Fig. II11.D.9a BLOCK DIAGRAM Fig. II1.D.9b 12-BIT A/D TIMING
AD 574A

Two ports, one input and one output port, are assigned to the A/D
convertors. The output port is used to store the read/convert (R/C)
commands to the convertors, while the input port; provides buffering be-
tween the converto;s and the CPU bus for the status line and output
data. The 8086 uP writes out the command for the convertors to a CD4076
four-bit latch, which serves as the output port. The CD4076 is a 4-bit
register consisting of four D-f1ip-flops [II1.0.5]. The port is enabled

by the address select line generated by the I/0 address decoder circuitry,
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J

and the write pulse is used to clpck the command. | Refer to Figure III‘.DJll.
The sequence of events for one complex samplejconversion is as follows.

The R/T lines for bothweonvertors are set Tow by the CPU - this initiates

a conversion. The-status line goes high to indicate conversjon progress.

The two status lines are ORed and occupy bit 15 of| the input port. The

CPU reads the input port t\0 test bit 15. When thel input port.is Tow, the

CPU pulls the R/C line of A7 high. Data from Al, according to Figure _
III.D.Q(b),'is available 25 ns later. The CPU reads the port and stores:
the data. It then pulls R/C of A7 low and R/T of A? high.‘ The data from
AZ is then read. The 12-bit data from the convertors is shifted left by
3 bits by tying them to bit 14 to bit 0 (zero}, w1:th the four LSBs of the
port tied togethe;' as shown in figure II1I.B-1Q, Onelfurther shift is

performed in software, in effect multiplying 12-bit data upto 16-bit data.

ki

151141312 ] 1109876543210

A/D. . TTT]
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Fig. IT1.D.10  QUADRATURE CHANNEL INPUT PORT PIN ASSIGNMENT
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111.D.6 THE ANTI-ALIASING FILTER

The tones transmitt‘:\ed by the Bottom unit occupy a bandwidth of ap-

. proximately 2048 Hz. These tones are sampled at 3072 Hz for 160 ms to

produce 512 complex points which are‘stored-in the FFT input buffer. g
Since the sample rate is relatively 10»71, there is a need to band 1imit
the input signal to prevent aliasing [I111.0.2]. An elliptic filter was
selected for this pu;'pose as these filters have the fastest -transition
between the passband and st(;pband.[III .A.1]. A bandpass filter having
a bandwidth of 2048 Hz and a center frequenc;/ of 8192 Hz was designed
with a passband ripple of < 1.5 dB and a return lobe atténuation of at
least 40 dB. , | \_ . ' .-

The filter was tuned to have a first stoEband Zero (null) at 8192

+1536 Wz (8192 + 3072/2) Hz. Since precise control of the parameters

of the filter is required, a state variable (biqu9d) elliptic function

approach was selected. On the basis of sensitivity and flexibility, the

biquad configuration is the optimum method for constructing precision.

active e]]iptic-functi.on bandpass filters. [II1.A.1]. The transfer func-

tion for this type of filter is given in fq. (II1.D.4.). The circuit

diagran for the filter is illustrated in Figure 111.D.12. [III.A.1].

For the case where f <f , the transfer funct'ior®is given by

'

2 ] a R3R ) . \
sT+ - 7))
Ry - R2R3CZ R4Rs
Ts) = -7 —— 73 ‘ , ~ (I11.0.4.)
ST+ t—— o :
-RTC R,R.C°
~23 .

- . . N

when fm>fr, the corresponding transfer function is

v
i

g

-
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o / 4
- ) R.R ) i
,SZ N 1 ?7(] + 3 ) N
T(s) = - Eé‘ R2R3C R4R5 - " \ (111.D.4.)
A B B §4)
- R]C R2R3C . )

Y

where Afw is the notch.frequenc§‘§nd fr “is the resonant frequency,
The complete filter is composed of five sections: two hngpass,
two lowpass, and one bandpass section. The response curves for each
secfion are illustrated in Figure II1.D.13. iThe total response of the
filter is shown in Figure II1.D.74. A UAF41, universal active filter-
produced by Burr Brown is employed in the des;gn of each section. The
configu;atioﬁ shown in Figure II1.D.12. is used for the lowpassand
highpassi¥ilter configuration. .By* connecting R5 either to node 1 or
to node 2, the zero (nul1) can be located above or below the resonant
frequency. wFor the b;ndpass confiquratién the output is obtained from
node 3. A block diagram, Figure III1.D.15, shows the'drée{ in whicﬁ“
the different sections are cascaded. ‘Desiqn equations used to obtain

F .
resistor and capacitor values are given in the Appendix. VI.D.1 Table

. 111.D.3. 1i§ts the resonant frequency ‘%r’ the Qua]iﬁy factor Q,

’

ek i

AN

. ';
B
L

1
i
t
1

.

/

°

- and the notch frequency f» for each sectipn. t
SECTION | TYPE £ (H2) | 7 AH2)| Q
1" |Low pass | 8866 10193.5 | 17.5
2 |HieH rass | 7450.9 6177.6 | 17.5
\ 3 LOW PASS | 9211.1 9791.7 | 62.6
\ - 4 qxéﬁ‘PAss nn.z 6746.5 .| 62.6
5 BANDPASS | 8127.7 ] 10.2

-

SR bl v Bt T el o VAN 0 o P otk o f o S
o

)

Table II1.D.3.

SPECIFICATIONS OF ELLIPTIC FILTER SECTIONS
\
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The wesonant frequency fr,‘ can be -adjusted by varying 'R3.

-

‘ Résgnthe‘js monitored at néae 3 (see Figure:111.D.12) and is determined’

by the phase shift-of 180° between node 3 and thgvinput.d\The Q of each ™

” -

section is controlled b% R]. Frequency f_, the motch fiequency, can

be -adjusted by RS’ The biquad approach is a h%gh]y stable énﬁ,f]exib]é -

L3

implementation for precision active elliptic function filters. (I11.A.7].

s

An impedance matching buffer precedes the.elliptic filter. The be—
- Vi N ! :
fer has anwinput impedance of 1600 ohms, to match the ‘tranducer output

impedance %?d‘provides a gain of 10 d8 for the signals before filtering. _
An output buffer.with a variable gain is ysed to amplify the band limited

. [ ] hd
signals. The totgi gain of the filters aﬁ% amplifiers i§ adjusted for -

18 dB- ' )
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.unit was to select a method for conversion which was simple, efficient

¢ .
'

S S -V IV R
IIT.E. FAST FOURIER TRANSFOPM PROCESSOR

|

II1.E.1 INTRODUCTION ' -

) ' -~ %

In'the dense incoherent MFSK system employed in thé Bottom, unit,

the data tones are spaced I2 Hz apart, while the pﬂot tones are spaced

. Q

24 Hz away from the nearest data tone as shown in F1gure III E 1. The

-

function of the Deck unit is ‘to demo_duIate these tones 50 as to repro-

duce the data bits. "A problem' encountered in the design of the Deck o \
[ 4 . i

‘and cost effective. The simplest method to detect the presence of a

tone would be to design a. bandpass filter at the tone frequency end to

tes‘t for the presence of  energy at the outgut-ws)f\ theffjilter. * This ‘
approach wouId require a total of 164 bandpass fﬂters each w1the
bandwidth of 12 Hz as shown in F‘igure ITF.E.2. ThIS method was notem- ‘
ployed, as the task of building 164 bandpass filters with.narrow bandwidths

would be tedious and certainly not cost-effective, besides' it 1'5 deubt-

" ful that reliable filter-to-filter phase and amplitude tracking could

be achieved and maintained. .

.

An alternate approach would-be to design a single filter and allow

the input to be swept accross the frequeﬁcy band of, uinte?’est. Refer

”

5, L A
to Figure TII.E.3. In this, approacl’ the incoming sign Uity ried
.- ) o

by a local dscillator which is swept so as:to cover the whole

frequency °spec'cr‘um of interest By assotiating the 1nstantaneous oscil*
>

lator frequency with the energy out of the filter, the presence of

tones and their regpective frequencies can be ascertained. Since the

Bottom unit transmits tones for only 125 é’%’, theﬁosci]]ator‘ would have
€5 be swept \}ery rapidiy. Unfortunately, though, the swgep rate can-

not be too fast because of the response time of the filter. The filter ,

Be
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f ' .takes-a finite time to respond to changes in its

.

ilter, the longer it tékes to respond. [III.E.1].

1
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hd The final approach exammed was that of a Dynamc. Signal Analyzer-

-

Dynarmc Signal Analyzers are based on a high speed’ ca]cu]atwn ,routme ‘
wh1ch acts like a' parallel filter analyzer discussed earher, but
wfthout the Tow resolution limitations. Dynamic Signal Analyzers
are based on the Dj screte Fouriér ‘Transform (DFT). The DFT is a met‘h'od

- for “transforming both time-and f.requency-1 imiteyd data from the time do-
main°t6 the frequency _ciomain. The DFT based analyzer is eXtremel‘

. accﬁrate; .a‘l'_thoug_h, because it imp]jes digital "impleméntlation, a fonger
time must be allowed for computation as compared to a pafeﬂe] Filter
analog approacﬁ This, however, is not an obstacle 1‘n this apb]icatic;n

. as the period between transnissions is 250 ms, with tones actually

-

\ transmitted for 125 ms. The DFT processing cou]d then be performed

during the dead time. In the next section a study of various Fast

Fourier Transform (FFT) techniques is presented and the approach best-
suited to the apph‘eation is shosen for %mplementing the DFT.
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I1[.E.2 RATIONALE FOR FFT IMPLEMENTATION TEGHNIQUE ot

! l

Y

The set of algorithms known{as the Fast Fourier Trans form (FFT) con-

si ts of a variety of methods for reducing the computational time ’re-

#

" reqmred to compute a discrete Foumer transform (DFT) [III.E.Z].

best known algorithms are the ra 1x,2—dec1mat1on-1n-t1me and decim"ation- ,

in-frequency algoritﬁms.

a. Radix-2 FFTS - LN

The DFT of é‘finite duration sequence {x(n)}, 0<n<N-1 is defined

. as, . ‘
_ " N-1 " ~3(2q/N)nk - _
. x(k) =, ) x{n)e k=0,1,.,.,N=1 ! (IIL.EQI)
n=0 - ) . ' ‘
Letting . ) o
e'J(,z"/N) = u, equation (I[F.E.1) becomes, ° R

| o S B :
¢ . e o X(k)Y = Y x(Mw (111.€.2)
‘ e ) - n=0 ‘ o )
. j— .
{ - -
i‘ ' ’ ’ A direct evaluation. of an N-pdint OFT requires (N—])z. complex multi-

plications and N(N-1) comzlex additions when x(n) is a‘comp]ex”se'-y
1

qqence. 'rhereforé for 2512 pomt DFT this trans]ates to ~2]8 multi-

Jarge amounts of processing time. The 1dea behmd the FFT is to break

the original N-point sequence iﬁto two shorter sequences, the DFT* s of

. which- can be combined to'give the DFT of the original N-point sequence.
/\ . .

A}

¢ M B . -

T g AL bt B b BV v e i

plications and '(,12)x(5]1) —-2 add1t1ons Tms obviously wou]d requwe .
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Therefore if N were even'and the original N-point sequence were broken

g "
-into two, (N/2)-point sequence, it would require on the order of

(N/2)2-2‘-“-k N2/2 comp]eix mu]tip]ications to eva]uate the desired N-point

DFT~ this result is a savmgs of a factor of 2, minus the time required

to combipe the two results. [III £.2.].

Let x(n) be the I‘i~p01nt sequéncé we wish to" evaluate; further-"~

more, let ](n) and x e tﬁe odd and even sub-sequences of x(_n).
P54 . '
‘xp(n) = x{2n) wheré -n=0,1,2,..., N/2-]  (111.E.3)
j . . .
xz(n) = x(2nt1) where n=0,1,2,...,N/2-] (I11.E.4)
. 7 .

The N-point DFT of {x(n)}‘ can be written as

TONA -1 L ,
CX(K) = ) ) F T ~ (IL.E.5)
n-O * =0 N .
n even n odd
N/2; S el
= uln) 4 4. L (2wl Ju{ MK (111.E.6)

n=0
t

. 2 .
but since wﬁ = [e'J(Z"/N)]_‘ = e:][er/(N/Z)] ='wN/’2 _We may tranform

_Equation (III.E.6) to,

N/2-1 I V7Y -
X(k) = Z X](n)wN/Z y Z Xz(n)wN/z T (I11.E.7)
= )l(](k) + u'ﬁ Xp(K) - L (111.E.8)

. ‘o
4 . “ . . »

where X,(k) and xz(k) are seen to be the N/2=-point DFT's of the sub-

sequences, x1(n) and x,(n). Equation (I11.E.8) shows that the N

e
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point DFT. X(k) can be decomposed into two N/Z;point DFT's that can be
combined according fo_the ru]e.ofn’EqUation ?I’II.E.9). .
Since ng) is defined for (<k<N-1 and x](k) and xz(k) are
defined for 0<k<N/2-1, a rule must be given for how to interpret ’
| Equation (ITI.E.B) for values of kg_ﬁlz. Due to the periodicity pro-

_ perty of the DFT we have,

k .
’ Ex](k) +uy Xo(k) 0_<_ng(2-1
X(k) = { , - : (II1.E.9)e

{
U (k=N/2) + w6 {ke-N/2)  N/2ekeN:)

-

kN2 .k

Since wy -wy  then quatipn (ITI.E.9) becomes
rd . N p
X(k) = X;(k) + o K5 (K). O<k<N/ 2-1
. ! . I
B - k'_ y : ’ ’
c= X (ke ) - g N/Z_,Xz(k-%) Hken-1 - (111.€.10)

-
(4

Figure 111.E.4 illustrates the précesses involv;d in evaluating an
“ eight-péint DFT using two four-point transforms. The input sequence
X(n) is\f‘ir‘st shuf fled into even and odd members to gi\'/e X1(n) and
Xz(n) , which are then transformed to give X,(k) and Xz(k).

The right sidne of Figure [11.£.4 defines the open circle as being
an adder-substracter‘;‘the sum always appear|s at th$ top and th'e di f fer-
- ence at the bottom. The arrow (—) is defined .as a multiplier, with
the value of the multiplier (a) being given above the arrow. In general,

all variabl€s~gre complex numbers. [II1.E.2.].

-
-

B T O N N

~J




e TR AT AT A o3 e e g
.

»

In a fnanner‘ similar to the one described above, the

x240) * x{1} ——i

- 93 -

x{Q) = £ {0} ——]

K (1) s {2} ——

1 (2) » x(4) ———

14 (3) « x(6) ————]|

'™
POINT
Of T

€1y = x(3) ———

x2(2) #x(5) ———

xa{3) exi{N ———|

4-
POINT
DF T

FIG. TIT.E.4 CONSTRUCTION OF AN EIGHT-POINT DFT FROM

a-—~b

. TWO FOUR-POINT DFT'S

X(0}
x(1)
x{2)
X3
X(4)
\ X(5)
x(6)

N

"

can now be expressed as a combination of (N/4)-point DFT's:

Xy (k), O<k<N/2-1  can be written as
% (k) = A(k) + o8, B(K)
| AR N2 ™
or -
1(k) = A(k) + 2K B(K)

it hasanads SRR L Y S T

[RGB

l

ki

i

(N/2)-point DFT's

P

(III.E.Z{ /

(I11.E.22)

where A(k) is the (N/4)-point DFT of the even sub-sequenge of’ Xé(n)




~ and B(k)

bt W R0 M S eapoy e e ) ey
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P

~ . ' /V N
is the (N/4)»;5m‘nt OFT of the odd sub-sequence.of .X, (n).

»

« DFT's to evaluate.

Flgure III E. 5 shows the resulh ng ﬂowgraph when they four- point DFT's
“of F1gur‘e II1.E.4 are eva]uated usmg Equatmn (I11.€.22). -, -
The process above of reducing an L-pomt DFT (L .is a*power of 2)

to (L/2)-point. DFT's can be continued until we are left with two-point

If. =8, a two-point OFT,

o{0) = x,{0} *x{0}

" al1) « 2210 5(4) ———f

2-POINT

p—t— A(0)

OFY

ST

. blOY = x {122l 2) ——

bl1) = kg {d}*2(6} ——mry

e~

—— 810}
POINT
OF 1

p————— 8{t} /.

t{0) & x 90V x{1) e

c(t)s

PITITTTE P p—

2-
DFT

cio)
POINT

p— cU1}

© a0y = xg(1heal3) —r]

X213 x(]7) ]

2-PQINT

0{0)

DFT

o{1}

glt)=

FIG. TIII.E.S
F(Kk), k=0,1

F(0) = f(0) + f(1)

f(0) + f(1)

[}

F(1)

where f(n), n=0,1

. ing =], and wg =-1, no multiplications.are required to evaluate,

(I11.E.23).

b

CONSTRUCTION OF AN ETGHT-POINT DFT
FROM TWO FOUR-POINT DFT'S.THAT ARE
IN TURN CONSTRUCTED FROM. TWO-POINT
DFT'S.

may be evaluated (using no multiplications) as

o

Y
8

4
“g

is the two-point seqluence being transformed.

.

(111.E.23) o

Since

Thus, the eight-point DFT of Figure II11.E.4 and (II1.E.5)

.
F
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finally reduces to that of Figure II].E.6.

X (0}
X(1)
X(2) »
X(3)
xtay’
X(s)

x(6}

x(7)

’

o T [

Fig. 1I11.E.6 EYGHT-POINT FFET OBTAINED BY SUCCESSIVE
SPLITTING INTO™TWO'S. . R

4

a/
_ Each stage of the FFT reagired N/2 . complex ﬂu]tip]igggiggs, to combine

* the results of the previous stage. Since there ar 3(]092N) "stages,

1

the number 0% complex ﬁﬁltip]icatioﬁs required to evaluate an ‘N-point
DFT i; appfoximate]y N/21092N. The afgorithm described above is call1&d
the decimation-in-time (DIT) algorithm since at eéch stage of the pro-
cess the input tiﬁé sequenéé is divided, o; decimated, at each stage

o

into smaller sequences for ‘processing [III.E.1].

" . N 1

b _Decimation-in-Time_(DIT) Algorithm . : o

!

The basic operation o} the DIT a]gorithm is the so-called Bdtterf]y

in which two inputs A and B (which are usually complex quantities) are

combined to give two outputs® X and Y . by Equation III.E.24 shown

below. : .. . '

-~

© A
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" -
x=A+m§B -
- o l . (I11.E.24)
-—‘ k : e . '
Y=A-uw, B

/

This means that for the DIT algorithm each stage requires N/2 multi-

plications, but the value of B»; has to be cbmputed and saved before

any addition or substraction can take place. In hardware terms this

would mean an extra buffer for storage; furthermore, no parallel processihg

- such as agditions and multiplications can.simultaneously be performéd.

&

Another point worth not‘in'g about the *)IT algorithm is that for the
Sutput sequence to be in natural ‘order (i.e., X(k), k;0,1,2,3,.i.,N-1),
the input sequence -has to be stored in shuffled order. ,The.spuffled

order is the bit-reversed order shown in Table III.E.1. [III.E.2.].

- »
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" TABLE 1A | _ .o
e — Q - R :
-y . BINARY . BIT REV: BIT REV: 5
INDEX- " REP: BINARY \ INDEX :
— y
0 N \ B
' 0 000 000 . . 0 %“
| 001 100 . \\ - 3
2 | ow0 010 2 ;
‘ 3 on 1o. .6 ' ;’
4 100 01 1 ' I
.5 10] T I 5 : l
6 110 on -3 :
-7 1A M 7 . ) :
. Table IIT.E.1 _ BIT-REVERSED INDEX
v ‘ - ' ‘ 1
This is equivalent to twisting the address lines-to. the input buffer
’ memory [III.E.2].
U ' f
c. Decimation-in-Frequency (DIF) Algorithm
- Another form of FFT algorithm, for- Nth power of 2, is the so .
called decimation-in-frequency (DIF) algorithm. In this method the -— :7
input sequence {x{n)} 1is partitioned into two sub-sequences each of .
length (N/2) samples in the following manner. The first sequence
(x](n)} consists of the first K/Z’points of {x(n)}, and the second

sequence {x2(n)} consists of the second N/2 points of {x{(n)}; thus,

|
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. .
x](n) = Xq where n=0,1,...,N/2-1
' . ‘ (111.E.25)
.xz(n) = x{(n+N/2) " where n=0,1,...,N/2-1 .
. N . ’ ) . e
o ) . . \‘
The N-point DFT of x(n)' can now be written in the form °
N/2-1 N-1 ‘ _ (
X(k) = § x(m) ufs T x(n)up® o (111.E.26) »
n=0 . n=N/2 . |
{
- N/2-1 N/2-1 ’ :
=1 ) upt T xy(n) WMV (I11.E.27)
n=0 n=0
N/2-1 . ‘ : !
K(k) = ) Dy n) +e Imp(n)] upk : 4 (IILE28) | |
n= \ s
. ' \ « \\
where  oNK/2 o gmdnk ~ ’ \
Considerina the even and odd samples of the DFT separately,
\‘\\\ N/2-] ‘ IS i '
K2k = Dxgln) + xp(n)] (2)™ 3 (111,£.29)
: n=0 .
N/2-1 .
nk . ;
= n-*z-O [x](n)\i xp(MY w0 I11.E.30)
- - N/2-1 . | :
X(2kH1) = 1 [(x(n) = xy(n)] on(EKHT) © ot (LIL.E.31)
n=0
N/2-1 n, * nk
= nZO (D) = xp(m)T wyd wyyy , (111.€.32)
Equations (II1.E.30) and (III.E.32) show that the-even and odd-valued

samples of the DFT can be obtained from the (N/2)-point DFT‘s of the

' sequences f(n) and g{n), respectively, where, -




" ‘ . ,\L

f(n) ='x1(n) *+ x,(n) , ' ] )
' ' 0=0,1,2,...,N/2-1  (II1.E.33)

= [x(n) - x,(0)] wy

«w
-
=
~
i

)

1

Thus, we have reduced the problem of obtaining an N-point bFT to one of

obtaining two N/2-point DFTs: ﬁigure ITI.E.7 illustrates the procedure
. for N=8 [III.E.2].

5

d. The Constant Geometry Algorithm

A constant geometry algorithm was chosen because of its simple
hardware design. In this algorithh the Butterf]y outputs are pot put
back where they come from so it is not an iﬂ-p1ace é]gorithm; however

- . \\ .
the indexing is kept constant from stage.to stage. This permits a

simple hardware implementation. The inputs are normally ordered while
the dutputs are bit reversed. An N-point constant geometry algorithm
does fequire 2N registérs as opposed to N-registers for in-place’
algorithms but in-place algorithms require more complex timing for
hardware. Therefore the not-in place algorithm was chosen. Fig.

III1.E.8 shows the implementation of the algorithm for a'l6-point con-

stant geometty DFT.

e,
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FREQUENCY FFT :




o e T

-t

-
o

. "

Fig. }II.E.8 CONSTANT GEOMETRY ALGORITHM, RADIX 2, 16 POINTS
: NOT-IN-PLACE, NORMALLY ORDERED INPUTS, BIT—REVERSE@!
OUTPUTS ” oo

L

~y.
The circles. correspond®to one butterfly operation which- for a com-

plex DFT’Fonsists of four additions and fqur multiplications. The com-
plex input samples A and B qccupy two words each (for real, imaginary)
which are separated by N/2 sampiegﬂ where N 1is the total number o; ‘
sample points. The odtputsz X.and v , are stored in consecutivé

locations. [III.E.2].

v
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e. DIT or DIF Implementation

4

The constant geometry FFT may be implemented using either DIT or
. X
DIF, as previously described. In comparing these two computational
algqrithms two differences are apparent. In the DIT algorithm, the °

input is bit-reversed while the outputs are in natural order: the

. e———
.
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o



“ reverse, however, is true for the DIF. The second difference is a more

. e
P i Lo L. shsald

N oo - © 2102 -

iy

A
important, one;- in the DIF butterfly the multiplication takes place

after the add - substracé operation. This enable§ some form of pipe- : i
1inin§ as the multiplication cén be implemented while the sum duantities
are being stored. The DIT implementation requires the multip]icatidn to
occyr before.any aad - substract operqtioﬁ._ The two butférf]ies are jl-

I3 4

lustrated below. The decimation in frequency algorithm w§§ chosen for’

the butterfly operations of the constaht geometry FFT.

- LY

v A XK=A+But 3
l "09‘\ - .
B Y =A-Buk | - A
, N CoR
Pig. 111.E.9a THE DIT BUTTERFLY |
. 4
=A+8B ¢
_ K
= (A - B)uy )
Fig. II1.E.9b THE DIF BUTTERFLY | \ R

<

I1.E.3 GENERAL DESCRIPTION OF THE FFT PROCESSOR HARDWARE

IS

v

The FFT processor is a stand-alone processor that has two modes of
operation. The two hodes are: (1) Tloading or outputting data, i.e.,

. communication with the CPU and (2) performing a 512-point complex . ;

FFT. Aside from these twp modes, the only“?ependence it has on the

v

CPU is the stant-FFT command. The FFT processor itself consists of %

_ o

e




“the following major components.
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(1) A high speed budterfly (HSB) which performs the elemental
two-point complex transformation for the DIF operation.
(2) Buffers consisting of two 1K x*¥6 bits of RAM, which-
can hold 1024 complex points of data.
(3) Toefficient tables stored in EPROM (512 words).
(4) Indexing and control circuits which generate addresses
and control signals for the FFT processor.
{
. / R . .
' /8086 SYSTEM BUS , *4> .
RAM < o
Tkx16 _ 1kx16

_FFT DATA BUS

ADDRESS

+
CONTROL

FFT CONTROL BUS

Fig. I11.E.10 FFT PROCESSOR BLOCK DIAGRAM
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a. The High Speed Butterfly

The block diagram of the high speed butterfly processor is shown‘in
Fig. 1I11.E.11. It consists of a 16-bit-adder/subtractor, a 16x16 multi-
ply-accumulétor, 16-bit tatches to hold qeéulfs temporari]y; a 512xi6
coeffiﬁient table and ; twenty-four step microprogram.’ Singg speed was ’
not a prime factor most opérat%ons of the but;erfly occur sequentjé]]y.

The high speed butterfly performs the complex arithmetic operation :

described by Equation (iII.E.3¢)

>
"
b
.+
w

7 . , (111.£.34)
X ‘

1}
—
p -]
t
e o]
—
€
~——

Equation (II1.E.34) can be expanded into the fo]]owing components,

s

Xg=Ag +B (111.€.35) -

R
Xy =‘AI + BI fIII.E.Sﬁ? : )
Y = (AR-BR)qS - (A;-BpJuy - (111.E.37)
»YI = (AI-BI)MR + (AR-BR)qu . ! (I11.E.38)

N

The four quantities AR’ BR’ AI and’ BI are fetched from the memory
buffers, and the two coefficients wps WY from thé coefficiént tables.
Since the a]goriéhﬁ‘chosen for the FFT is fhe radix-Z constant geometry
\ps AI and BR’ BI are éeparated by N/2 points in the
memory, as shown in Figure II[.E. . Output data from the butterfly

is stored sequentially. The microprogram provides two -select Tines

which determine A or B, and Real or Imaginary. The flow-chart for

’
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~

one butterfly operation is shown in Figure III.E.]ZS A detailed descrip-
tion of the hardware %mp1ementation follows,

The sequence of operations in the high speed Butterfly is optimised
so that a minimum number of operations is required while keeping the
impiementation simple. The butterf1y\§ardware consists of a sixteen-bit
adder/subtractor, a 16x16-multiplier-accumulator, and registers for

temporary data storage.

/’

-

b. The 16-bit Adder-Subtractor

The 74181 arithmetic logic units (ALU) are used for the add-subtract -

operation. The 74181 AlU's are 4-bits wide and have a typical add-
subtract time of 140 ns [III.D.6]: add or subtract functions are im-
plemented by conditioning tﬁe appropriate select lines via-a micro-
program. - )

Referring to Figure III.E.13, register Tatches A6 and A7 are 8;bit
octal latches [III.B.é]. They are used to‘hold the data samples BR
and BI from the FFT buffers. The outputs of these latches are always:
enabled, gbi]e the strobe is‘provided by the microprbgram. After a
data sample corresponding to By or B, is ?atched) the FFT control
circuit selects Ay or AI' Therefore, the data points for addition
or subtraction are available at the input to the 74131 ALU's. The four
74181 ALU's 83,'84,'85f apd B6 are wired to provide gixteen bit arith-
metic. The microprogram fi;st conditions the select lines for addition
and Ap+By is produced. AR+BR is then strobed into two 8282 octal
latches A4, A5 before being written into memory. To write this sum

data the microprogram first strobes it into A4, A5, then it enables the

- s
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output 6f/A4, A5 and finally- provides the write pulse. The ﬁicropro:

»

gram then changes the select Tines on the ALU to a §ubt}act opérétion.

AR'Bé is then strobed into the 8282 latches C4, C6 for input to the

multiplier. Similarlf. A; and ‘BI are fetched from the FFT .buffer,

A

and AI+BI

stored in C5 and C7. C4, C5, C6, C7 all have.output enab]es‘aﬁd the
I'4

is strobed and then writtén into memory; and A;-B; is(g

microprogram enables the apprbbriate pair when required by the multi-, T

plier. In order t6 retajn the same word Size in the FFT processing,
the r95u1ts from the butterfly have éo be scé]ed., For the sum quénﬁi-
ties AR+BR' and AI+BIQ the least significant bit DO from the adder
is dropped and tpe most significant bit is extended up one bit. In‘
practice, this has t%e effect, of dividiﬁg the data by two (shi{t right
6ne bit). Sum of product quant%ties are treated simiiarly. Refer to

the Section on the multiplier for more details. L

-r

¢c. The Hi Speed Multiplier—Accumu]atof o

In the previous Section the manner in-which theﬁsu% and difference

quantities are prgduced was described. . The sum quantities AR+éR and' ‘&'

AI+BI‘ are stored in mémory; therefore, all that remains to compiete

/

the FFT butterfly is Equation (III.E.39) .

K ~
AS

= - , - - N [ n'

¢

YI = ‘(AI-BI)NR + (AR-BRO)MI . ‘ ' (III.E.39.b) i

4

~
The quantities A, -Bp and A;-B; are already computed in thg previous.

sfages and are stqréd in C4, C5, C6 and C7 registers whereas, wpA

N

B N P ] -

to-
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i
and wy are, stcmed in two 2758 EPROMS

To comp1ete the computation, four mu]tlphes and one add and sub-

tract are requi red

TRW 10100 is a 64- -pin high speed mu]tlpher accumulator

The” TRW 1010J is su1table for tMis purpose.

This multi-

N

functwn arithmetic unit is capable of performmg a l6xle-bit mu]hph-

cation and product accumu]ation in 115

[I11.€.3].

Xy Yin: TG, K CONTROL AND OATA uX
RAND, ACC, SUB A 1

ns. See figure for timing

e 85—ty ] '
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d. Description of the 16x16 Multiplier

i

n

>

The TRW 1010J multiplier chip, two 16-bit data registers, and 5ne
four-bit control register {see Figure {III.E.IS])comprise‘the 16x16
multiplier. These three registers are all positive edge latches. lThe
X-input word is 1oaded into the éhip on the zero-to-one transition of
CLKX, and the Y-input word is similarly loaded by CLKY.. The controls
(ACC,SUB ,7C , and RND) are loaded on the rising edge of [CLKX + CLKY].
These two clocks are internally or-gated on the chip to form the com-
posite instruction register clock. The output of the mudtiplier is

dlso latched just before the 3-state buffers. This latch is strobed by

the rising edge of CLKP. Four control lines affect the output register

~and the output 3-state buffers. When the preload function is off

(Pret = 0), the 3-state buffers are controlled by the other 3 Tines:

" TSM, TSL, TSX. When one or more of these lines is low, the correspond-

ing group of output buffer$ will be on, or low impedance outputs;
when they are high, the corresponding buffers are off, or high im-
Pedance outputs. When Pxrel = 1, however, all output buffers are turned
off and the other three cantrbl pins change function. If Pref and the
other output control pins are high, any data put onto the output pins
from an external source will he Toaded d%réct]y into tbe output re-
gister on the rising edge of CLKP. If anylpf the three controls (TSM,
TSL, TSX) are low those corresponding registers will be in hold sta?e.
Four controls (ACC, SUB, TC and RND) are loaded into the instruc-
tion reqister on the chip. When ACC is low-the accumulate function is’
turned off. The chip will multiply X and Y and bring the product
directly to the output register. When ACC=1, whatever is in the output

. . Q
register will be added to (Sub=0) or subtracted from (Sub=1) the next

4 F]
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X times Y product, and that result will be brought to the output re-
gister. TC is the pins's complement control. When it is high, the two
- operands aré defined as two's complement numbers, and the multiplier-
array 1is adjusted accordingly after the TC is Tow, both input words are
assumed to be in sign-magnitude number notation. The RAD control al Tows
the. user to round up the double precision accumulated answer back to
single precision, or single precision plus added bits. (The XTP bits).
Whenever RIIVD control is high, a one will be added to the MSB {most
significant bit) of the least significant part (LSP) when the two in-
put words are multiplied. If the MSB of the LSP is one, the carry
geng*ated will increment the most significant part (MSP). Three extra
bits (XTP) are provided for the sum of products, where each product can
be a maximum value. Sixteen-bit single precision answers can be obtain-
ed from the output word P19 (LSB) through P34 (MSB). [III.E.4].

¢

e, Application of the TDC 1010J to the FFT Butterfly

The input data registers are fed with' (AR—BR) an& wy. These
two quantities are strobed into the X and ¥V registers of the multi-
plier. Simultaneously, ACC, SUB, and RND are all inactive and strol;ed
into the cofitrol register. The microprogram whic rovidés aH‘ the
timing signals then strobes the PCLK input with posi*(e going pul se.
This resu]f:s in the product (AR‘BR)“’I being produced and stored in the
output buffer,

Next, (AI'BI) and are clocked into the input registers.

w
R
ACC is set high, Sub=0 and RND=0, with these controls strobed ‘in with

the input data, PCLK is then activated and the sum of products

~ard

B TR R ICT PRI
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(AI-BI)wR + (AR'BR)“’I is computed and stored in the output register.

.The maximum input word ‘size is 16 bits plus sign. Therefore, each pro-
Dduct is 30 bits plus sign; after accumulation the largest number possible
is 31 bits plus sign. These bits are obtained fv{om the [MSP) of the multi-
plier as the product bits P']EL to P3.|. Therefore, the input word size
is maintained and it is unnecessa'ry to scale them as was the case when

the (AR+BR) and (AI+BI) sum terms were produced. Finally, the MSP out-
put is enabled and the data is written into the FFT buffers. All the con-
trol signals, such as output enable, chip’select, and write pulses are
ob_taineq from the microprogram. Refer to the microprogram timing diagram.
From the previous mu]tip]‘icat%’cm, (AI—BI) is already in the multiplier

X-input, therefore w is strobed into the Y-register. ACC, Sub, and

R
. RND are‘aH kept inactive during this period. The microprogram then strobes
the CLKP line and (A[—Bl)wR is'stor’ed in the output register. The inputs
to the multiplier are then changed to (AR-BR) and wy- ACC and Sub are
both active for this computation. CLKI; is again strobed by the micropro-
gram with the result (AR'BR)‘”R - (AI-BI)wI. The MSP output is enabled

and the data is again written into the FFT memory buffers.

v

f. FFT Start-Status Hardware

Figure IIT.E.17 shows the logic required for the control. of the FFT
pro‘cessor. The TEST line, pin number 5 of A2, reflects the status
of the FFT processor. When TEST is high, the FFT is in progress and

when TEST 1s low the FFT is disabled. The test line serve two purposes:

{

ST Sk R st o SR
B
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(1} to inform the CPU of
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the status of the FFT "processing, and

(2) to initialise the FFT processing hardware.

¥
+5Y
o (R
A2
CLR
- 7474
7 —CED
PR CLK
@—___—‘ l’i

w0 o
@ASS COUN i)7

Fig. III.EN7  FFT START/STATUS CONTROL

Essentially the hardware consists of a 7474 positive edge trigger-

ed f1ip-flop with independent clear (CLR) and preset (PR) [III.E.3].

The present 1ine is enabled via C3 and B1 by the CPU.  The CPU treats

these devices as a port and controls them by writing out data .to them.

See truth Table III.€.2. The clock (Pin 3) of the flip~flop is active

. during the FFT mode and is

enabled when the FFT pass counter has exce-

eded nine passes (512 points). This -resets the flip-flop,'as the

ki s, G eAS g

.input is tied to ground. The Q output goes low and TEST = 0. This

Sevb v
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signals the CPU that the FFT process is cpmplete and access to its

memory is possible.

FFT- q
FFT-GO | ENABLE | PRESET | TEST DESCRIPTION
0o | o ] 0 FFT DISABLED .
0 10 1 FFT ENABLED IN PROGRESS
1 0. | 1 0 FFT DISABLED
1o ] 0 | FFT DISABLED -

Table TIT.E.2 TRUTH TABLE FFT START-STATUS

g. The Microprogram Generator . '

The microproi_;ram which controls the flow of data to generate the
butterfly is stored in two 2758 eproms. The program code occupies 24
locations_, but 'for the prototype 32 locations were reserved. The speed
at which t.he eproms can be read is Timited by their access time; for
the 2758 eprom the typical access time is 250 ns. The nearest ¢ lock
period available and convenient to generate was 4.9'mHz = 4 = 1.22§ mHz ,
“or a cycle time of 800 ns.

Refe‘rring to Fig. 1I1.3.18,the 4.9 mHz clock is divided by eight
using D-flip-flops. The three 74(74 D-flip-flops are wired to each pro-
duce a divide-by-two operation. The output of A2b is therefore
4.9 mHz + 8 Hz. This results in a puise width of 800-ns, which is '
the (LSB) least significant bit for the eprom address. The

4.9 mHz : '8 c10c~k is further divided down by a 7493 4-bit binary

- -
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counter to produce the remaining four bits of address for the micropro-
gram eproms. The microprogram is obtained by simply stepping through

the 32 addresses. Data, however, is only stable after 250 ns due to

~— Lt

the access time of,the eproms [III.B.2]. To avoid this ambiguity the
output data Jis latched into three 74174 latches 400 ns after the change

of address. See the.timing diagram in Figure III.E.19..

/

1

4.9"%4MHZ_. L—I U | r-] ]_] l_l

I-to[

e L) Enlial
ST - - - - -

tD =400 ns

Fig. III.E.19  TIMING FOR MICROPROGRAM DATA -

h. FFT Data Storage Buffers

Two 1Kx16 rams are used ta store FFT input data and output daté,

b‘esides providing temporary storage duriong the FFT processipg.‘:‘ Each
buffer is comprised of four 1K x-4 rams (‘2142-3) having an access

time of 300 ns [IIIB.2]. The buffers are alternately used as input
or output buffers depenﬁin_g on the pass within the FFT. Since they

both share the common FFT data bus, care must be taken in order to

a

R L R
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avoid bus conflicts. Furthermore, they both must be accessible from the
N <2

CPU. Figure III.E.20 shows these buffers and their dssociated control

circuitry. Address lines are supplied by both the CPU and the FFT

address eproms. TeST is the control 1ine which determines when the FFT

t

is active; this line is used to enable or disable the address latches
from the CPU or the addresses stored in eprom for FFT processing as

‘s‘hown in Table IIT.E.3.

J
»
—
2000 H 280 QH "
TEST BUFF BUFF
0 CPU TPy
1 FFT FFT '

Table III.E.3 FFT MEMORY ACCESS SELECTION

The manner in which TEST s generated is explained in the section
on FFT control. When TEST is #ow, the FFT buffers are available to the )
CPU. In this mode the CPU loads data into thg buffer at address
2000H and reads data from the buffer at address 2800H., For address-
ing three 8282, 8-bit latches strobe the addresses with the ALE pulse
provided by the CPU, Sinc\e each buffer is 1024 words long, 10 address
lines are required. Referring to Figure III.E.20,the chips Bl and 83
provide 8 (eight) 1lines each for buffer 2000H and 2800H, respectively,
and the chip B2 provides the remaining two 1ines for each. The neces-
sity for keeping the address 1ines separate arises because the buffers,

when used as temporary storage in the FFT processing, require different

e oy e -
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addressiing schemes. The three latches have ‘tri-state buffers which are
enabled ‘when®TEST is low. '

In the' FFT mode, TEST is high and the three latches are.disableds
Now, however, the three"2716 eproms éré enabiled aﬁd provide the_ abpro—
priate addresses for the buffers. Chips A5 and A6 provid;é eight lines
each for the FFT buffers 20001 and 2800H while BS provides the remain-

ing two lines. Timing requirements for the latches and eproms are

shown below in Figure III1.E.21 {II1.8.2]. . .

¥
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Fig. IIT.E.21b TIMING FOR 8282 LATCHES

The data Bus for both buffers drives the FFT data,bus? and commun i -

!

4

cates with the CPU data bus through two 8286 bus drivers-isolators.

The 8286 is a bi~ d1rect10na1\8 bit buffer with both direction and tr1-

K|
state contro]s S Dlrect1on control is only valid in the CPU mode, and,

T

therefore, the DT/R Yine of the CPU i used for this purpose. The out-

put buffer cont

rol, however, requires a more sophisticated form of

gating; Figure II1.E.22 shows the bus controller. Here, again, ‘TEST
is the érbitrator for the bus. ﬁér\(\ is high, both D5A and D58

-

are 1nact1ve, therefore, DSC is act1ve and C7, the or gate, is active

hvgh which results in Al and A2 being disabled (Hi-Z). * However, when

TEST is Tow (éPU mode) D5A and D5B are active and allow the CS (chip

select of 2000H or-2800H) to pass through§ DSC will be Tow if either

, the TS of 2000H or 2800H is active Jow. C7.provides one more level

of gating with ﬁEﬁ'ypich is the bus enable line from the CPU in order

PO S

¢



the status of the FFT processor; heré, again, TEST determines the
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”

to aveid-timing confiicts on the CPU dat® bus.. Refer to Table III.E.4

for more details. ' ’ '

* TS TS BUS S
TEST | 2000°H | 2800 H | DEN | 5E OPERATION
0 0 0 0 DOES NOT EXIST ‘
0 o | o 1 DOES NOT EXIST
0 0 a 0 | o 2000°*H o
0 0 N IR T I TRI-STATE '
0 R 0 0.{ 0 2800 H',
0 1 4/) o [ 1 | TRI-STATE
o | 1/ | 1o | 1
9 1 1 1 ]
. 0 . 0 0 | 1
1 0 0 1 1
.y o+ | 1 o [ 1 -
1 0 1 1 1 ' |
1 1 o o | .
1 1 0 1 1
1 1 1410 1 - 2
1 1 1 1 1 ! :
&
< : o
Tablé\{II.E.4 TRUTH TABLE FOR BUS ISOLATOR . . :
: \\ L ‘ : « .
The rehaiﬁ%gg control Tines for the buffer are RU (read), wr

{write), and CS (chip.select). The sources-for these lines depend on

~
&
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-, source of the control fines. Referring to Eigure ITII.E.19. Two 74157

quad 2-to-1-1ine data selector{mu]tip]exers are used. [These devices
allow selection of one four-bit word from one of the sources. C6 has

the WR and RD lines of the CPU for its 'A' inputs and the WR and RD

* of the FFT microprogran for its 'B' inpdts. The select line is tied

to TEST. When TEST is high, FFT WR and RD are selected. See Table
I11.E.5 below. ‘

TEST W RD TS
. —
0 CPU :
‘ 1 FFT
-
R . Table IT1.E.5 MODE SELECTION

Chip C5 is used to select the CS lines from the CPU or the FFT
processor, in which both buffers are always selected. The buffers in
the FFT mode are used alternately as input or output buffers. In order
to minimize the number of control lines, some form of routing the ap-
propriaéé control signals was necessary. Chip C7 and B4 of Fig.
II11.E.22 provided such a facility. The pass counter of the FFT pro-

cessor determines the function of the buffers. When the LSB of the

.pass counter is low, C7B and C7C are disabled and the RD line is

routed to buffer 2000 H and the Eﬁ'linélto buffer 2800 H. When the
LSB is high, C7A and C7D are disabled and the RD line now enables
buffer 2800H and the R line buffer 2000H. See Table III1.€.6.
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|
below. “ K
LS8  BUFF | BUFF
PASS 2000 H . 2800 H
0 READ WRITE
! 1 WRITE READ
Table III.EiG' FFT BUFFERS MODE SELECTION . j

dt s S

I: Address Generation ‘ ' ;

4

The address indéxing scheme required depends on the particular
FFT $1gdrithm selected. ’ The~decimation in frequency (DIF) algorithm
was chosen because multiplications occur after additions. Constant
geometry, not in place, normally orderedoinputs, and bit-reversed
outputs employ thé most simple address indexing. Figure III:E.ZBa
shows a 16-point FFT of this type [1II.E.2].

According to Fig. II1.E.23a, it is obvious that- four different
modes of indexing are required. .
" (1) Addredsing for input data read (fetch)
(2) Addressing for output data (store)

(3) ~ Addressing for the coefficients . 4

- (4) Bit-reverse addressing'for FFT output.

" The first tﬁree modes are required for each pass of the FFT algorithm

and the final mode, to read the FFT output data for further pﬁocessing.

;




".-J. Address Indexing for Input Data Fetch

A AR (1 o etk m e e e e -
- RIS "

>

o
X
eV

X
irq;»
dj!i‘
9008
iiq;p-
;}!“
’:’0
irqgv
0})
X
%
&
020

¢
&«

909255004
|

-
[T IS
-
L

Fig. III.E.23a CONSTANT GEOMETRY ALGdﬁITHM, RADIX 2, - .
16 POINTS; NOT IN PLACE, ORDERED INPUTS, |, - | b
BIT-REV. OUTPUTS '

into two sequences each of length N/2 samples. The first sequence

In the DIF algprithm, the input sequence {x(n)} is partitioned

{x](n)} consists of the first N/2 points of the {x{(n)} samples,~
and the second sequence {xz(n)} consists of the remaining N/2 points
of {x{n)}. For a complex FFT four data points, (the complex quanti-

ties), two from each sequence, are used as inputs.to the butterfly as 4

Shown in Figure 111.E.23b.
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©- 29 - 0 o |
: ADDRESS : 7 AODRESS
| | 0 Ay 0,
T A’ ]
2 Ay 2 y
3 A 3
' 4
| 5
> 6 , b
| " 7 ‘ ' ) .;
T 510 ) - T X
511 “ ,/'//’/
[ 512 L .
513 By, |
514 By, ‘
515 B
. ) .
1022 Bpgy,
1023 By, )
Fig. 111.E.23  INPUT READ ADDRESS-OUTPUT WRITE ADDRESS




- 130 -

k. Address Indexiné'for Output Data Store

For the le algorithm, the outpﬁt on éach pass of the’FFT is stored
at consecutive address locations in the output buffer as shown in
Figure III1.E.23b.

For a 512-point complex FFT, the buffers must each havg a capacity

10

" of 1024 registers and as such, require 10 address lines (2'7=1024) as

shown in Figure III.E.24.

Real data points are 'stored on even boundary addresses, while

imaginary data points on odd boundary addresses for bot

Therefore, the LSB' A0 of the address lines determines the locadjon
of a real or imaginary data point.
On the other hand, A9 determines which half of the memory is
selected, therefore, it is used to discriminate between the two input

data sequences. The other eight lines Al through A8 are allowed to
increment once every butterfly sequence is compleie. * Therefore, AQ
anh A9 are selected b} the microprogram of the butterfly, while Al

to A8 are obtained from a—ripple-counter which is incremented by each
bhtterf]y sequence. as shown in fFig. III.E.24. However, the FFT pro-
cessor utilises two 1kx16 bufferss which depending on the pass, of
which there are nine (29=512), serve as the input or output bbffers.
Since, as Figure III.E.26 shows, it is necessary to read from the input
_buffer from two series of data streams §eparated by N/2 and write

into consecutive addresses in the output buffer, it becomes necéssary
to have two addressjng\schemes for each pass. Fu;thermore, since the
function of the buffers alternates, the address%ng scheme must do like-

wise. This being the case, the address lines to the buffers have to be

- et
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separated. The prob'lem still remains of generating two sets of addres-
ses. Since there already exists a counter for the number of buttP:r-
flies processgd, this count was decoded to provide addresses to two
2kx10 eproms in which the addresses to the buffers are stored as detail-

ed in Figure I11-E.24. ~ /

TesT < BUTTERFLY COUNTER 4040 A
] @ Z R N
o (.- —
£ LD O OO OO
-t ) OO
i 7
g .
1
\ .
L, 1 < 4 p l 4
[ wo | Al0 A0 _ AN A0 ) - AN
2116 EPRON 2716 EPROM 2716 EPROM .
2Kx8 2Kx8 2Kx8 : : .
L ce , ce : : ' : :
. . Y 4
] i l ] . L J
TO FFT BUFFER . . 10 FFT BUFFER
‘ \\ ‘ 2000H ‘ ‘ 2800H

Fig. III.E.24 FFT DATA ADDRESS GENERATOR
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The butterfly counter is incremented each time a butterfly has been
completed. It is a twelve-bit counter which keeps track of the number
of butterflies and the number &f gasses of the FFT batch. There are
512 points of complex data‘pairs which supply the input data for 256
butterflies for each pasé.’ The number of passes is 9, since 29=512.
Pins QT to Q8 of the butterfiy countef‘(CD4040) contain the Butterf]y
count within each pass, and bins Q9 to Q12 sequence from zero (0) to
nine for the nine passes. Since piq Q9 toggies.between (0) zero and

’ (1) one for each pass, it déterminestthe function of the two. FFT

buffers (i.e., input or output). See Table III.E.7.

: : .
READ WRITE ‘
Q12 Q11 Q10 Q9 | PASS # BUFF. | BUFF. :
' 0 0 0 0 ONE 2000 H | 2800 H
o 0 0 0 I TWO 2800 H | 2000 H
i 0o 0 1 0 THREE 2000 H | 2800 H
. 0 0 1 1 |- FOWR 2800 H | 2000 H
0 1 0 o0 FIVE . 2000 H | 2800 H J
: 01 0 SIX | 2800 H | 2000 H
) 0 1 1 0 | SEVEN-| 2000 H | 2800 H
Lo 1 1 ETGHT 2800 H zogo)u\ |
- 1°0°0 o0 NINE 2000 H | 2800 H .

Table III.E.7 TRUTH TABLE FOR BUFFER MODE

ISR R P
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£. FFT Buffer Address Generating Eproms

Al

The address generating eproms have a capacity to store 2048

addresses. Since each 2716-1 eprom has 2048x8-bit capacity, and :

since the FFT buffers are 102416 words, 10 address lines are neces-
7 \
sary. Three 2716-1 eproms are used. Two of the eproms supply eight

et ot s o St

address lines to each buffer while the third 2716-1 supplies the re-
maining two address lines.

Adq;ess d;ta in the eproms is separated into twé 1024x10 bit
blocks, each block being used for reading (inpﬁt data) or wrifing
(output data), depending on the pass in the FFT processing the (LSB) §
Teast significant bj; of the pass count is used to select the appro-
priafé\ﬁé]f. “As an éxample, on the first‘pass data is read from FFT
‘buffer 2000 H from two sequences of data separated by N/2 (or 256

< complex) samples. Therefore, the addresses musf be generated in
the following sequence: 0, 1, 512, 513 ...2, 3, 514, 515 ... SiO, 511,
1022, 1023.

| A9] a8| A7] A6} As| a4] A3[A2]A1] A0

o

.| LsB OF PASS' COUNTER -
DETERMINES TOP OR | L 3
| BOTTOM HALF OF EPROM

POV

]
i
3

° A/B DETERMINES ) R/1 DETERMINES
INPUT SEQUENCE REAL OR IMAGINARY
DATA

Fig.»ff?.E.ZS ADDRESS LINES FOR FFT MEMORY \

D B N e i L C e RN RN N . . 1
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-+ READ DATA
PASS .
1,3,5,7,9
BLSB=0

WRITE DATA
PASS
2,4,6,8
BLSB=1

\

N

BG}FER 2000H

0,1,2,3,4,5.....

DATA SENUENCE ‘A’

508,509,510,511

s12....

DATA SEQUENCE 'B°*

L 1023
0,1,4,5...
...1018,1019,1020,1021
2,3,6,7,..,...

v
...... 1022,1023

- A/B=1

A/B=0

A/B>1

A/B=0

- BUFFER 280CH

T

...1018,1019%,1020,1021

2,3,6,7

«

-

ceeeisees 1022,1023

0,1,2,3,8,5,....

DATA SEQUENCE ‘A'

508,509,510,51)

s12....

DATA SEQUENCE '8’

.0 00.1023

Fig. II1.E.26  CONTENTS OF ADDRESS GENERATING EPROMS
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WRITE DATA
PASS

1,3,5,7,9
BLSB=0

READ DATA
PASS

2,4,6,8
BLSB=1
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Data is then written into buffer 2800H into consecutive address

locations. Therefore, addresses must be generated in the following
order: 0, 1, 2, 3, 4, ... 1023, In order to use ihe samehaddress

generating scheme the addresses in the eprom must be stored as shown
in Figure III.E.26. During pass two data is read from buffer 2800H

and written into buffer 2000H, for the even passes, afdresses are

e, - eem ke v m = e

generated from the bottom half of the eprom as shown Fn Figure IIIL.E.26.
‘ |
\
m. FFT Coefficient Addressing )
T

e

] |

: . |
A 512-point complex FFT process requires 256 complex coefficients
for its implementation. The 256 complex coefficients are stored in
2758 eproms and supplied to the multiplier Qhen required. However,

. all the 256 coefficients are required for the first pass only. For

5t b W e Nt enre = o

subsequent passes, of which there are eight, 256/2p, where 'P' is

the pass number, coefficients are req;ired. A description of'the ;

hardware~required for the generation of cgefficients follows. %
The 12-bit ripple counter CD 4040 generates all the 256 addresses \é

required for the coefficient tables. Since a new set of coefficients

must be presented to the multiplier for each butterfly, the clock ,

for the ripple counter is obtained from the butterfly microprogram

counter. Therefore, the clock rate or the address change rate of the

:
:
t
H
A}
i
3
:

coefficients is (.8usx32 steps) = 25.6u$x The state of the counter
advances one count on the negative transition of each input pulse
{1I1.0.5]. Pins Q! to Q8 of the counter are used as add#ess lines to
the coefficient tables, whereas, pins Q9 to Q12 are used to count the

number of passes in the FFT. The counter can be reset from two

® s s
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sources: (1) the 8086 CPU under program or {2) self-reset when the
nine passes have been cqmp]etéd. In the self-reset modé: the two pass
counter lines Q12 and Q9 are andeé. When both are high, tée nine ‘
padses of the FFT are complete and the output of C3,,the and gate, goes .
high. The result is~an active high c]oék pulse on the D-type flip-flop

(7474, A2) wWhich transfers the data on the D-input to the Q cutput.

Since the D-input is tied low, the Q output goes high and thus resets

the ripple counter. Refer to timing diagram I111.E.27.

N
0 Il «
.g !
; . A
Q12.09 — ] j
.
TEST () , , \
.0 FFT . FFT DISABLED et
_ ON . g 7
_r
TEST(D) - : %

¢

Fig. II1.E.27 SELF-RESET TIMING
,Pins Q1 to Q7 not only,a;b the a&dresses;for the coefficient

Took-up tables but are also the clock for the latches (two 74175;

' chips E4, E5) whigh hold the addreSséé. Clocking for these taddress ~
‘ N
latches is through an eijht-to-one multiplexer CD 4051(E2). The
"

CD4051 is a single 8-channel multiplexer having three binary control

o
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v

inputs which are supplied by pins Q9, Q10, and Q]l of the pass-counter.

These three lines select one of the eight 1nput 11nes which are the

, butterfly count Q1 to Q7 and the clock. Therefore, when pins Q9, Qi0,

and Q11 are a]] Tow, the clock is selected by the multiplexer and, thus,
every address Q1 to 08 is latched by the 74175 address 1atch;s. Onii
the other hand, if Q9 is high and Q10, Q11 are low, Ql is se]scted by
the multip]exeqband, therefore, every other address is 1atched and the

previous address is held when no latching occurs Thus, the addresses

“for the look up table will be 0, 0, 2, 2, 4, 4, . 254 254. Réfer

to Table III.€.8 and Figure III1.E.28 for more details.

4
»

PASS LATCH
Q12 Q11 10 Q9 | CLOCK ADDRESSES ’
0 00 0. CLK 0,1,2,3,8,........
0 0 0 1 Ql 0,2,8,6,. e e,
0 0 1 0 Q2 0,4,8,12,. ... ...
0-0 1 1| 0 10,8,16,24,........
001 00 P o4 0,16,32,48,.......
0 1 01 05 0,32,64,..... e
0.1 1 0 Q6 0,64,128,......... *
0 1 11 Q7 0,128
1 0 00 RESET

Table II11.E.8 RELATIONSHIP BETWEEN FFT PASS NUMBER
" AND COEFFICIENT  ADDRESS

R RS

s

Y R T

i sl 8 el
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' The 74174 address latches require én\input data setup time of 20 ns;
‘theréfore, the c]bck signal, for tpénrmust be delayed since they are Qen-
’ erated,fgbm the sa;e counter. A 74121 morioStable is used for this pur- -
pose. The monostable is triggered from the output of the multiplexer
ons the fé]]ing edge of the pulse, Q goes low when it is triggered and
stays low fgr a'period determined by a resistor and capacitor combination.

>

JIn this case, R=10k, C=330pf; therefore, the delay is 1.5 us. Refer

to Figure I11.E.30. [III.D.6],

MUX O/P - ) ‘]
~ i
i
- i
. OELAY 0/P U:\ADDRESSES LATCHED . 3
' 1.5 e ]
B US . i ,

Fig. III.E.30- DELAY TO LATCH ADDRESS : \

The multiplexer (CD4051) provides proper address indexing for 8

e P s

. ' passes of the FFT, but for a 512-point FFT nine passes (29=512) are

[,

required. Referring to Table III.E.8, 3t can be seen that on the >
final pass the only coefficient that is used is the initial one or the
contents of address zero in the look up tablge. Pin 1 (or Q12) of the

: o
pass counter, which goes high on the ninth‘p§§sw is used to clear the

2 o AW B T W o L AR T

74175 address latches. This results in the latches being cleared

¢

throughout tQﬁ ninth pass, and the first address of the coefficient

, table being supplied to the multiplier.

- . \« o rw, g o A o . — 4
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fhe addresses for the coefficient tables are'eight-bft wide, which
-allows 256 coefficients to. be accessed. A 512 point’complex FFT requires
256 complex coefficients. Therefore the coefficient tables must hold
512 points of data. ~
Two 2758—eproms having an‘access time (refer to Figure II1.H.28)
»

of 250 ns are used to provide 16-bit wide coefficients. The coefficient

data is stored in two 256 blocks ih the eproms. The top 256 locations

contain the re§1 parts (wR) and the next 256 locations cogtain the

imaginary parts (wI). Address 1ine A8 on the eproms detegmipe which
block is being used, since this is dependant on how thé butterfly is
produced. The A8 address line is determined by the microprogram of the

FFT butterfly.
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III.F.  THE INTERROGATION UNIT

The interrogation of the Bottom unit consists’ in'transmitting five
tones for a duration of 250 ms. The frequencies of the f'i\(e ’tones are
8992 Hz, 8592 Hz, 8192 Hz, 7792 Hz, and 7392 Hz. The tones are all 400
Hz apart and situafed in each diversity band. To generate these tones,
a combination of digital frequency synthesis and analog frequency multi-
, p]icatior; is used. Two tones, at 400 Hz and 800 Hz, produced by the ROM

Took-up table method are multiplied with a 8192 Hz carrier to produce

the five ~tones. The technique is the same as AM, therefore the output

spectrum contains tHe carrier at 8192 Hz and two upper and two.lower

sidebands as shown in Figure III.F.1. ' )

$AMPLITUDE

o

\0 8192 Hz + 400 Hz
' + 800 Hz

p

(Y

. - , .
Fig. III.F.1. OUTPUT SPECTRUM OF INTERROGATION COMMAND
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III.F.2 FIVE TONE GENERATOR ' .

To generatce the 400 Hz and 800 Hz tones, samples of the two fre-
quencies are stored in a 2758 eprom. The sample values were pre-comguted
and summed, with 256 samples stored in the eprom. The 256 samples con-
tained in the eprom are for two periods of 800 Hz and one period of 400
Hz, therefore no fﬁscontinuities aré present. The 256 locations of the
look-up table were read at a rate of 102.4 kHz (400x256). The 102.4
kHz clock is obtained by dividing the 2.4576 mHz peripheral clock [PCLK) .
' by 24. A 7473 J.K. flip-flop in the toggle mo&e divides the PCLK by two
followed by a 7492 divide-by-twe]hve counter [III.D.6]. A 12-bit CMOS
rippler counter divides the 102.4 kHz clock by 256 to generate the 8 ad-
dress lines for the look-up table. The samples are stored in the lowes-t
v256 bytes of the 2758 eprom. A 1408 D/A convertor similar to theNone .
Yescribed in Section III.D.5 is used to convert the samples to analog
voltages. The divider circuit chips are operable upto 30 mHz and the
access time of the eprom is 450 ms, well aboye the demands made for this
qppHcatioru. The complete circuit is shown in Figure III.F.2.

\ As shown 1in Figure III.F.3, the 'two tones are mixed with a

8192 Hz carrier, In order to produce a t’one burst of 250 ms, the carrier
: pfﬂse is gated through an AND gate. The gating period of 250 ms is pro-
duced by triggering a monostable with a delay of 250 ms. The 74121
.monostable, or;ce triggered, produces an output pulse whose wjdth is
controlled by R and C. The values for R and C were chosen from the manu-
facturer's tables to produce a 250 ms delay [III.D.6]." The output of the
AND gate is lowpass filtered by(anl RC passive filter to atfenuate\

the higher harmonics of the 8192 Hz car}'ier. The output of the filter

e 6 i .i‘
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+5V
INP !
[_-‘CARR 0400 Hz
IN MOD 800 Hz
QF ——{ o
A MC1 496
. INP[—
@I HD— CARR
IN] -
J:—— INP Ry

Fig. ITI.F.3 AM MODULATOR \\\\\\\

| . The modulator circuit shown in Figure I11.F.3 is similar to the
other mixers used in the p‘rgprocessor and time synchronizer. There is
one difference, however, and that is the“addition‘of a dc potential
'to.the modulating i})put. Resistor‘s R1, R2, and R3 offset the modulating
400 Hz and 800 Hz tones with a dc potential. The effect of this is a

multiplication of the carrier by a constant, as opposed to a nulling

of the carrier as in the previous sections. '
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] 10K B5UT ’
[y 7412 50K "
X -
‘ T 9.1K )
10uF .
, NP e
N s I’
Lo_{m Tk _J0K__1OK_ 10K 10K 500 CARRIER '
R LEVEL ;
‘ ‘ ADJ 3 i
T . 4.7K ‘
L 3.3 3.3 [3.3 3.3
'nf nf nf ~ nf
, 8.92 Hz' ‘
60 mv .

5

Fig. III.F.4 8192 Hz CARRIER BURST GENERATION

‘The output of the mixer is amplified by Al as shown in Figure §

III.F.5. Amplifier Al is a variable gain amplifier which contriﬂs the
transmitted output power. A 4th-order bandpass filter centered around
8192 Hz with a Q=4 band 1imits the tones before power amplification.

" Design equationé for the filter are given in Appendix VI.B.1.
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- 5.6nf 5 .Lan
, 1 — |
ouUTPUT
FROM 15V 00K : 100K
MIXES 28.72 15V
J - 28. 72K 15v
56 _I\N\/\——JLg'—-
POWER : .6 o
CONTROL 215 +
15V s .
.15V
k]
v ¢ )

Fig. III.F.5 4th-ORDER BANDPASS FILTER WITH INPUT -AMPL JFIERS

I11.F.3% THE P&LR AMPL IFIER,

The LM 383A 1is a cost-effective high power amplifier able to con-

. tinuously deliver upto 3.5 amperes of current. With a single chip,

5.5 iwatts of power into a 49 load is easily obtained. In Chapter II,
it was estimated that the Deck Unit requires at least 6 watts of po\\er
to .interrogate the Bottom unit at a distance of 1 km. But the power
amplifier when configured as a bridge amplifier as shown in Figure
ITI.F.6., is lcapab]e of supplying 16 watts of power. The output stage
of the’amp]ifier‘ is a glass B type amplifier. In the non-inverting
cdnfiéuration used in Figure ITITI.F.6. the gain is determined by R]

and R2 (gain=1 + RI/RZ)’ which in this application is gain of 101.

.The power output maybe estimated by assuming each amplifier is driving

“a load of RL/Z. which in this case is 2 Ohms. Therefore, with a 15-

volt supply each amplifier can deliver 8 watts, at 10% total hammonic

e R AT AR A

.
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I
distortion (THD), foLr’a total of 16 watts. A 100 K ohm potentiometer“ ¢
is used to trim out the differences in individual Lﬁ 383A dc output ‘
| levels s%nce, w%th a direct connected load, substantial dc power con-
sumption can result if the quiesc‘ent output levels are not matched
[111.C:2]. 'J | |
Transformer T2, the output transformer, has a turhs ratio of 1:20.

The primary impedance is 4 ohm, whereas the secondary impedance is

1600 ohms at 8192 Hz. - The transducer is a capacitive load and inductance
L is added to compensate for load impedance ‘changes due to frequency.

Both the transformer and inductor were custom made to insure optimum

transfer of power.

1:20
65mH
»
+15v
. M0
“QUTPUT
OFF BPF LM3B3A
) 100K
’ - [ 4
1:1
1
11+ '
I5uF +
B

Fig. T111.F.6 POWER AMP
kg ,

o




111.6.1 SERIAL INPUT-QUTPUT INTERFACE :

Once the transmission from the Bottom unit is complete the tidal

data received by the Deck unit must be perménenﬂy stored for analysis.

An interface was designed to commgnicate with a printer or terminal.
The serial interface is based on an Intel 8251A Universal Synchronous/
Asynchronous Receiver/Transmitter (USART) which 1is operated in the
asynchronous mode. A baud rate generator provides rates from 300 to
2400 for use by the USART.

The USART occupies two 1/0 ports within the on-board I/0 address

space and since the USART is interfaced to 'the Tower byte ofc&he data

bus (DO-D7), both ports have even-numbered port addresses (10H and 12H).

S
The individual USART port functions are determined by the Al address

bit and the RD and WR signals of the CPU as noted in Table IIL.G.1.

The 8251A intérjf'aces with the system data bus through an 8-bit,
3-stat':'e buffer as shown in Figure II1.G.1. Data is transmitteci or
received by the buffer upon execution of Input or Qutput instructions
of the CPU. Control wc;rds, Command words, and Status information are
all transferred through the Data Bus Buffer.

The software routine for the serial interface configures the
USART by writing an 8-bit command word to the control port of the’
8251A. A command word of OCFH configures the USART for 8-bit character
length, no parity, two stop bits and a baud rate factor of 64x. As
illustrated in Figure II1.G.2. the baud rate generator (a 7493 4-bit
counter) uses the 307.2 KHz (PCLK/8) sianal to provide four baud
rate frequencies. Since the USART is operated in the 64xmode, these

frequencies are 64 times the corresponding baud rate. Two D-type
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flip-flons (7474) divide the 1.2288 Mz, (PCLK/2) by four to generate

the 307.2 KHz signal. 75188 and 74189 (ES, E(Qj are two RS232 transmit

3

s L

~ receive buffers. /
USART lnput
- Port Addresses Port Functlon
Al RD WR .
' 0 0 1 10H Read USART Dala
0 1 0 10H Writs USART Data
1 0 ! ] 2“ Read USART Status
1 1. 0 'l 2H Write USART Control

' Table III.G.1 USART 1/0 PORT,

s
TRANTMT

(L) e |
g

[ 1] § (R— - TenOv
[T S ——
CONTROL Thanpak
.—’

Yot
TROL
@ 108K U B It
L
a
[ S
. [ PRS- " C._‘ :guv.( a0
CONTAOL —
n w
m KD
. 1| 13
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wTEANAL M ;:::.o‘ ——
DAYA 8us — EYNOLY
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Fig. ITI.G.1 BLOCK DIAGRAM OF USART
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CHAPTER 1V
SOFTWARE DEVELOPMENT °

IV.A.  INTRODUCTION

The software employed in the Deck unit was developed on the Intellec
Series II Micro computer Development System.‘ The Intellec System is a
multiple-ﬁicroprocessor system that runs ISIS-II, a disk-based operating
system. It supports ASM-86, the assembly language for 8086 CPU, used in'
the Deck unit. To debuq the system ICE-86, the in-circuit emulator for

the 8086 microprocessor was extensively used. It consists of a 40-pin

-

probe which emylates the 8086 CPU in the system under test. ASM-86 was
used because it providés access to all the processor facilities and be-
cause assembly lanquage programs can be written to execute faster and
use less memory than programs written in higher level Tanguages [IV.A.1.].
The machine code for the program is stored in two 2716 (4Kx8) Eproms.
The ;ddress of the program is from FOOOH to‘FFFFH, as described in
Chapter 1II. The four 1nEFrrupt routines are located at the top of the
memory followed by the iniiia]isation routine, the main program and the
output routine. Tables containing data for doppler correction or the
error correcting generator matrix are stored at the bottom of the memory
abowe the system reset routine. ~ Figure IV.A.l describes the ?oéhtfﬁﬁ,
of code in the memory. In Figure IV.B.1 the flow chart for the complete
program is presented followed by a description of the different algor-
ithms. Software far the interrupt controller and the universal syn-

chronous/Asynchronous Receiver/Transmitter is not included as they are’

not unique to the system. \
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FOOOH

F2B8H.

F361H
F3CCH

F3F1H
F5D4H
F754H

F8COH

FA37H

FB38H .

FFFOH

F3D6H

SS
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+

+
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PROGRAM CODE STORAGE

FUNCTION
F2B7H Interrupf Routines
: Sample, Time, Begin, Dump.
F360H Initialization Routine
- F36BH , Long Term Noise Estimafion
F3D5SH Interrogat}on %
F3FOH Diff: Routine <
FSD3H FFT, Doppler demodulationv
F753H - Error correctionl - ~
F8BEH * Qump Routine ) 4
FA36H Parameter Change Roup{qe
FB38H Not Used |
FFEEH Look up Tables,
Doppler, Circulant Matrix
FFF4 System Resetl

IV.A.1 PROGRAM CODE STORAGE LOCATION
u [
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IV.B.1 SYSTEM OPERATION

In this section the operation of the system is described. The
Bottom unit is moored to the ocean floor, where(it collects tidal in-
formation at intervals that are predetermined by the user. In addition
to this function, the éottom unit is always listening for the interroga-
tion command from the Deck unit. Upon arrival of the ship to the area
where the Bottom unit is deployed, the Deck unit is initialised. Ini-

tialisation consists in setting system parameters such as gain, dif-

ferentiator transition threshold, and differentiator amplitude threshold.

Since the initial gain of the Deck unit is selected by estimating the
noise in the vicinity, the interrogatién command transmitter power can
be set accordinély. For hoisy regions the maximum transmission power
of 6 watts may be required. The three system paramepers set in the
initialisation process may be changed by the opeFator through thebR5232

port, as indicated in Fiqure IV.B.1.
. IP'N{

- —-— —— _The Deck unit is now_ready tpﬁrgge{ﬁé data from the Bottom unit.

The 6perator sends the interrogation tommand via the control on the
front panel. The interrogation command consists of a 250 ms.burst of
five tones. The Deck unit is now in the receive mode. If the inter-

rogation command was of sufficient stre gth'to meet the threshold in the

Bottom unit, transmission of tidal dath commences. Sixteen preambles

used to acquire synchronisation, evaluate signal strength, and estimate

doppler shift are transmitted before tidal data is transmitted. -
The Deck unit is now in the preamble mode. The first foﬁr pre-

ambies are used exclusively for gain adjustment. The peak detector

algorithm described in Section IV.G.2. finds the maximum signal level

and the gain control algorithm optimises the signal level in the

o o
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preprocessor. The gain adjustment varies depending on the signal level

~

as shown in Figure IV.G.7.

The remaining 12 preambles, besides adjusting the gain, are used
to estimate time and doppler shift. Since the Bottom unit has to ob-
serve 125 ms of silence for multipath to decay if is important for the
Deck unit to predict the time of the next transmission. The diversity
combiner outpu£ is sampled at a rate of 256 Hz by the CPU; the samples
obtained are used as the input to a 7-point FfR differentiator. 1If the
output of the differentiator meets a po;itive slope threshold for five
consecutive times and the amplitude threshold is satisfied, the time
base of the sysem is set to a preset value, which was predetermined
experimentally. The‘time base in the Deck unit is a 64 count clock
which is incremented once every 3.9 ms for a total period of 250 ms .
The timé base clock runs continuously after initialisation and is

periodically corrected by the time estimates calculated by the dif-

¥

- __.ferentiator algorithm described in Section IV.C.

—_—

To estimate doppler shift spectral analyg;ghaggfﬁE“BTTBf‘fﬁﬁés“‘_‘

is performed by the FFT processor. The outputs of the filter bins
containing the pilot tones are then linearly detected‘usfng the 3/8
rule before conversion from 6 Hz to 12 Hz bins and diversity combina-
tion is implemented. The pilot tone bins are then tested for any
frequency shift and the vo]tagé contro]lgd oscillation in the'pre~
processaor islcorrected. |

Following the 16 preambies, the Bottom unit transmits the tidal
data and its (32, 16) quasi-cycTic code. Fo}ty~four tones (40 data
tones and 4 pilot tones) are transmitted for ahperiod of 125 ms of .

dead fime. The processing by the Deck unit is essentially the same

/
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except that all the filter bins in the spectral analysis are considered.
After diversity combination, the tdnes are converted to 16-bit words and
stored in memory. One complete transmission consists of 16 preambles

and 1024 data and code words. The duration of one transmission is 260

‘seconds at a bit rate of 32 bps coded.

During the data transmission mode corrections to the time base are
made only once every 16 batches; the corrections are based on the average
time estimates. Doppler.correction is applied once for every two batches
(one data word, one codqurd). Software safe guards built into the system
prevent large changes to any of the system parameters., Nhen transmission
is cdmpleté a hd;d copy of the data can be obtained. Error correction

described in Section Ey.H.l. precedes a data dump. The rele-

vant system parameters such as Qpin,’time estimates, doppler correction

»

and noise level are included in the oﬁtput. These parameters provide
information on the S/N ratios and doppler shift for that particular
~ \

transmission. A typical data dump is shown in Table IV.B.1.

1.
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CAROR CORRECTED LATA AND CORRECTION UEIGUT

FFEF
<ccc
0000
LLLYS

0000
Qo000
oouv
0000

0000
0000
0000
0000

FFFF
cccc
0000
AAAA

FFFF 0000
CCCC 0000
0000 0000
AMAA QOO0

FEFF
cece
0000
ARAN

0000
0000
00049
0000

FFFF
ccee
0000
AANNA

0000
0000
0000
Qo0

FFFF
cccce
0000
AnAA

0000
Q000
0000
0000

0000
0000
0000
0000

0000 FFFF
0000 CCCC
0000 0000
0000 AnANn

FFFF
tcee
0000
LU

TLeAL CATA AND COGE GaTa
FFFF
ve9e
0000

5853

FEEF
cccc
0090
AAAA

FEFF
9999
000C
5555

FFFF
\Ada)
0000

cee
PR

FFEF
ccee
0000
AAAA

FFFF
ccce
0000
AAAn

FFFF
ccce
0000
AAAN

FFFF
eoee
0000
2553

FEFF
ccee
0000
ANAA

FFFF
9999
0000
5553

FFFF
LAA A
0000

- e
o

FFFF
ccce
0000
ANNA

FEFF
9999
0000

LAAAA
ot

FFFFE FFFF FFFF
CCCC v99? CCCC
0000 0000 0000
AARA 5255 AANA
~1032UT YO ¢1OITHI (ML AFART

FFT OUTFUT inYA 173 RINS

0050
Qone
0047
Q0F )
0312
0007
oA
0145
0142
01Ce

0144
ooCa
o1-1: 2
0tag
ooeed
0107
oop
00C2
000¢?
007a

0442
04435
o4ny
0424
o130
0437
02%0
017€
ot 4S
0108
0073

0234
02JF
0LfFC
0354
Q€A
o
0J€EN

0030
0006
0061
00vs
0107
0063
(13 4 4
0177 0209
028F 0490
otnp 0270
OOFF 0;97

008C
00vE
00Cs
oin?
ool
olo¢
0000
QQCo
008«
Q04
0010

02€4
oLén
LERTLY
o4
o1n4
olac
0419
01?2€
01720
o00a
004N

o212
o132
oopn
013E
025¢
03CF
0362
0549
051€
Qja?l
o045

0042 0042
00?4 007a
00FQ0 007C
GtL31- 0ong
0201 0OCE 0001
0214 Q4€EC QvOY
O&DE 0155 00CE
026 00AC 044
0147 00AA 029D
00ZE 0075 Q2463
004k 0083 O0DF

oons
ottt
02N
0450

000E
009F
0140
020a
0135C
Qaa9
o2
o799
D&2E
020C
on

000€
04C?
0s0C
0021
0402
otly

OltA 0029
0140 0059
010C" 009D
014C 0057
018a 0040
004F 0106
000F 0229 00aD
017E 00CE 0390
0152 oop2 02Dt
0132 0057°0¢n2
0074 004D D07

ot
0334
o2
0463
0363
04RO
0163
0364
0304

DIVEFSIYY COMRBINED OUTFUT

0ANO
9297

teFC 0400
1I7F 0452

o003
onfFn

043n
QADF

1973
17E3

0C?24
onpa

031€
o3u2

1249 .04F0 OJFH ONI10 OF34 0O5AY
ODFF QIEF 02CO 0O7EA OFLR 0612
AGC VI ERRORS TINSDELAY

074
oveL
aASlu

0$9 ¢ 2293

2 D R e

~

Table IV.B.1 TYPICAL TRANSMISSION DATA DUMP. RANGE OF 500 M,
WATER DEPTH QF 25 M, BOTTOM UNIT TRANSDUCER DEPTH
OF 13 M., TOP UNIT TRANSDUCER DEPTH OF 16 M.
BOTTOM UNIT TRANSMIT POWER 1.5 WATTS
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IV.C. TIME SYNCHRONIZATION

IV.C.1 INTRODUCTION ot

The tones from the Bottom unit are transmitted for a period of
125 ms followed by a 125 ms period of silence, to allow for multi-

v

path decay. Each 125 ms burst of tones represents a 16 bit tidal data

or parity word. To prevent loss of signal the Deck unit must sample th
tone burst at the appropriate time, in short the Bottom and Deck uﬁé\c\
must be synchronized. To aid in this synchronization, the Bottom unit
transmits four pilot tones together w}th the data tones. These pilet
tones are filtered, rectified, and integréted to form the diversity com-

bined output as shown in Figure IV.C.1.

Fig. IV.C.1 DIVERSITY COMBINER OUTPUT AND TIMING MARKER

The output of the diversity combiner is sampled at a rate of 256 Kz

by the CPU. These samples are differentiated by a 7-point Finite Im-

' puls;akesponse (FIR) digital high pass filter. By testing for the.posi-

tive transition, an accurate time estimate is made. The 7-point FIR

=
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Chebyshev-derived differentiator was chosen for its relative insensitivity
to noise and acceptable performance even though computations were per-

formed to 8-bit accuracy. [IV.C.1.].

IV.C.2 7-POINT FIR DIFFERENTIATOR ALGORITHM

The flow chart for the implementation of 7-point finite impulse
response (FIR) differentiator is shown in Figure IV.C.2. The 7-point

differentiator is implemented by'Equation (1v.Cc.1)

y(na) = (X=X )Cat(xy_gxy 1 )0+ X%y g)C (1v.c.1)
4
where XN are input samples obtained from the pilot tone diversity com-
biner output ét the rate of 256 samples/sec. ) .
¢, = OC1H, C2 = 028H, ‘C3 = 05H, 8-bit (scaled) coefficients.

- —IV=C.3 TIME ESTIMATION ALGORITHM o L

The differentiator threshold must be met five consecutive times
before an estimate of time can be made. Furthermore, since differen-
tiators are sensitive to noise, input samples must meet an ampiitude
threshold. The differentiator threshold %s tested on the positive
edge of the curve to avoid the influence of multipath decay on the
time estimate. Once the two thresholds are met, the time based clock
is updated immediately in the preamble mode, or once every 16 batches
if in the data transmission mode. 'In the data transmission mode, an

average of the time estimates for 16 batches is calculated. The

. I e B A -ab -. < P oo e A %a ko T T I N T e . T NPT PP PPN
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algorithm for the threshold tests performed on the output of the differen-

tiator is shown in Figure IV.C.3. The algorithm for the average time

+

estimates over 16 batches of data is shown in Figure IV.C.4.

Fig.

FIR DIFF DIFF-QUT = OQUTPUT OF
ROUTINE FIR-DIFF
{ DIFF-THREDHOLD = AMPLITUDE .
o THRESHOLD
FETCH DIFF-COUNT
DIFF-0UT
‘ : 2
1 F
14
INC OIFF+
counT -
) 3
LY
" F

CALL IS
AVERAGE 1T PREAMBL
TIME MODE
ROUT INE

PRESET TIME
J —

) [ FF-COUNT
=0

WAIT FOR
TIME INTERRUPT

IV.C.3 DIFF THRESHOLD TESTING




READ TIME

°

DIFFTIME. =
(DIFFTIME +
TINME)

PRESET
TIME TO OLD
ESTIMATE

3\

WAIT FOR
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OIFFTIME
8.C

DIFFTIME =
DIFFTIME/16

PRESET TIME

TO DIFFTIME

B.c=0

TIME

INTERRUPT .

1

-

DIFFTIME =.0

BATCH COUNT

v

-

Fig. IV.C.4 TIME AVERAGING OVER 16 DATA BATC

2

4

HES

RUNNING SUM OF TIME BATCHES

/
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IV.D.  NOISE ESTIMATION ' Y

’
=

In chapter I1 if«is shown that the ambient noise varies fbr the
dffferen£ geographical regions. The software for the Deck unit includes
an a}gorithm for estimating the background noise in the region and ad-
jds%ing the gain of the preprocéssor so thit the received sigﬁa] will
fall within the A/D convertor window. This is a particularly important
task, as the first breambles transmittgﬁ by the Bottom unit are used for
Anitial time synchronisatiQ:. In Section II.F.1, the worst case signal-
to-noise ratio is estimated‘to be 12 dB. [IV.D.1.]. Since the ga%n
programmable amﬁ]ifier described in Section III.D.3 is designed to make
gain changes of 2 dB, it is necessary to set a window about the desired
noilse level, rather than having a single desired value. The noise level

«\q/isJidjusﬁeg between the 8th and 15th levels of the 8-bit A/D cbnyertoné
This leaves 4 qits for theﬂsignal, which is.approximately 24 dB. This
noise level is consistent Qith the amplitude threshold of 5 bits lselect-
ed for the differentiation.

The Tong term noise estimation (LTA) alaorithm needs. the time’
synchronizer A/D convertor every 4 milliseconds for a total of i.024
seconds. It then calculates the LTA noise as shown in Figure IV.D.1. -
The gajn of the preprocessor i4 then adjusted until the noise 1evé1 is
between the 8th and 15th levels-of the convertor. If fhe noise in the

. région is too hiéh and cannot be adjusted, the algorithﬁ sets the mini-
mum gain énd informs the operator. The amount of géin-required‘is
stored in_order to later éalculate the average signal-to-noisé ratiou

The hardware used to collect the noise iauples is shown in'FiguPe

IV.D.2. This hardware is covered in more detail in Section III.

-
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CLR DX '

CLR BX

WAIT FOR
. 4m SIN

1

READ
TIME
SYNCH

R | A/D

"ADD 10
™Y px

INC BX

~ T

DX+256

INC
GAIN
WARNING
: NOISE
v ESTIMATE
P COMP.

t v

.'.

Fig. IV.D.1. FLOW CHART NOISE ESTIMATION'
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3 [}
\ Y
A —_—

— ) S 4

PILOT «©
™ TonE 8-BIT = CPU ¢

DIVERSITY A/D 8 BIT 25(::;) 8086
—»] COMBINER —

o

"“" w0

<

¢
.Fig. IV.D.2 HARDWARE FOR NOISE ESTIMATION

IV.E. LINEAR DETECTION

-

L4

After spectral analysis is complete, linear detection is used to

"d‘et‘ermine the energy of the tones. The tones transmitted from the ~

Bdtgtpm unit cover the frequencj range of + 1020 Hz to - 1020 Hz; to.
“this baﬁd, a guard band of 18 Hz is added to accomodate doppler shift.
-This total bar‘\'d then contains 346 fiter bins of thé 512 filter bins
‘produce‘d after spectral analysis. The energy in each bin is evaluated
usingl (Iv.e.1), w(hich is known as the""3/8 rule", and provides an ap-,
proxim&fion_ tc; the rms valug. Th; f'lowchar:t for thé software algorithm

{$' shown 1in Figure IV.E,1. -

\ - -
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Loop=counter for 1 bin
combination LooP=0
SI =frequency of bin 8};803‘8
0l =storage address
for 12 Hz -
: AK=0 INITIALISE
AX BX=0
ax] 16 bit registers — 1 |
AX+BIN(SI) ADD LEFT 'LOBE TO REGISTER
: AX .
,‘ AX=AKX/2 DIVIDE BY 2 (Ax= L)
' / S 7T .
' SI=ST+6 _ NEXT FREQUENCY BIN=TONE BIN
AX= “ADD TONE (CENTERED)BIN TO
AX+B IN(SI) REGISTER AX
l AX=CENTER+LHB/2
SI=S[+6 NEXT FREQUENCY
\ : T | BIN=RIGHT HAND LOBE
' - [Bk= . ADD RIGHT LOBE TO REGISTER
| BX+BIN(SI) BX
"[BX=BX/2 OIVIOE BY 2 )
AX= ADD RIGHT LOBE/2 TO REGISTER
AX+BX AX, AX=LHB/2+CENTER+RHB/2
STORE -
* AX-+F (D) STORE 12 Hz BINS

L0oP= Y
LOOP+1 \
DI= N -
DI+1 ‘ DI-86

Si= _
- | sl / :

Fig. IV.E.2 FLOW CHART 6 Hz TO 12 Hz BIN
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Energy of tone =  [Xp| + 3/8|XI!}XRI 3-!XI|
(1V.E.1)
3/81%pl + IXpHIXpl < [X[]
where XR and XI are the complex Fourier compgnents of the tone. It
is seen that the scaling in (IV.E.1) may be accomplished using binary

shifts and adds:
!

IV.E.3 6 Hz to 12 Hz CONVERSION
- I ¥4
l
s desFribed in Section III.D. the input signal is sampled at a
rate pf 307# Hz for a period of 1/6 second, and stored in the FFT input

memorly. Therefore, the dicrete Fourier transform analysis consists in

passing the received signal through 512 filters of 6 Hz bandwidth,

%—= 6), covering the frequency 'range -1530 Hz to +1536 Hz

= £

(Bw

(rana = 3072/2). Frequency dispersion increases the width of

s/2

the received tones to approximately 12 Hz as described in Section II.D.

To agcount for the énergy that falls outside the 6 Hz bins, the Deck

\unﬁf‘adds half the energy from the two adjacent bins to the energy

/
in the tone bin. The flowchart to implement this conversion is shown
in Filgure IV.E.2. For other applications or environments the scaling

factors of the adjacent tone bins may be easily altered. ,;

IV.E.4 \DIVERSITY COMBINATINN

\

-

In the previous algorithm, energy \from the bins adjacent to the
tone bins \s added to the energy of the tones. This reduces the num-

Y
ber of bins \from 346 to 173 bins, while increasing the bandwidth of :-

- ———— o o o i st - el AR &-’.w‘ s Y AR ¢ 3 s ey e e pom g g
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3 .
the bins to 12 Hz. The next step in the demodulation process is to

combine the five diversities for the data tones and the four diverﬁities
for the pilot tones. The spectral allocation of the data tones and pilot
tqnes is shown in Figure IV.E.3. Each diversity band contains 32 bins,
for a total of 160 data bins.' Diversity combination consists in summing
the five diversity bands. This produces 32 diversity combined bins,

eaéh group of 4 carrying 2 bits of data, for a total ’of 16 bits. The
four pilot tones and their two adjacent bins are also summed together. ®
This information is used to determine the average doppler shift. After
this addition, three bins of pilot tones remain. Figure IV.E.#a,b is the

flowchart for diversity combination.

+

FILQT TONES
D A r

AM- 0 M- 0 m.s.ﬂ,m... n-me- i

LOWER - BAND UPPER
BAND (8) 4-ARY OYVERSITY 2 CENTER cee OIVERSITY S BAND
EOGE CHARACTERS, - 8,192 KHe EDGE .

A A—_—— S

7.168 KHz DIVERSITY 1 . . 9.216 KHz

3

fig. IV.E.3 SPECTRAL ALLOCATI&& OF DATA AND PILOT TONES
. ' ¢ . o

/\,\ |

- - et el e e = e g e
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BX=BX+
BIN(-996+ST1)

BX=BX+
BIN(-612+SI)

BX=BX+

BIN(-192+SI)|"

4

BX=0
SI=SI+12

BX=BX+
BIN(240+SI) -

BX=BX+
BIN(624+SI)

STORED BX
IN ARRAY

BX=BX+
BIN(804+SI)

BX=BX+

BIN(420+S1)

BX=BX+
BIN(12+SI)

BX=BX+
BIN(432+S1)

BX=BX+
BIN(816+SI)

STORE BX

IN ARRAY

’

8X=0

SI=S1+12 |
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BX=BX+ .
BIN(-1032+SI)

BX=BX+
BIN(-228+S1)

»

BX=BX+
& BIN(+204+SI)
BX=0
SI=SI+12
BX=BX+ ,
BIN(+1008+51)
STORE BX

CONTINUE

A

w

I e
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IV.E.5 TONE-TO-BIT (MFSK) DEMODULATION

A

"Diversity\combir’watién of the data tones‘fmgs; the effect of reducing
the number of tone bins to 32. These 32 %ins, ﬁwher; properly demodula-
ted will proﬁuce a 16-bit data word. Since the MFSK, where m=4, mod-
ulation method is used, every four bins represent two bits/of data.

The four bins represent the bits 00, 01, 10 and 11. The demodulation
algorithm finds the largest of the four bins and assigns the proper
bits to the 16-bit word. The process is repeated eight times starting
with the two most significant bits (MSB). In the fiowchart,fshown in
Fiqure 'IV.E.5 A, B, C, D represent the contents of £he first four bins
in the 32-bin array starting from the highest address, .which represents
the MSB'a of the 16-bit word. The incoherent MFSK modulation scheme
chosen is weH—;uited to the acoustic telemetry application, as it does
not requi‘re an absolute threshold level for demodulation and is insen-
sitive to the random phases of the received tones.

\

IV.F,  DOPPLER CORRECTION

/
Doppler shift is estimated by comparing the diversity combined

outpdt of the pilot tones with a set of 19 templates. Each template
consists of three values, representing the energy in three adjacent
12 Hz filters. These values correspond to the expected ensemble of
energies for a pilot tone shifted by + 21 Hz, in 19 increme'ntﬁ.‘ The
_sqftware algurithm ;:onsists in comparing the 19 templates with the

energy in the three pi\lot tone bins. Since each template represents

a frequency shift of 2.3 Hz, the template that most closely correlates '

the energy in the three pilot tone filters will represent the doppler
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BX=BX-1 »|  EXCHANGE
= A=B
BX=BX-1 + EXCHANGE
= A
F
A>C BX=BX-1
T .
BX=BITS
REPEAT FOR
THE NEXT 4
BINS UNTIL
ALL 32 BINS

ARE COMPLETE

’

Fig. 'IV.E.5 FLOW CHART TONES TO BITS CONVERSION
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shift t':hat has occurred. The processing may be thought of as using a

FIR matched filter for composite hypothesis testing.

A dB)

I 12- | <12- 1 -2- X

Fig. IV.F.1 DIVERSITY COMBINED PILOT TONE AND ADJACENT BINS
NO DOPPLER SHIFT

-
- (

A(dB) a
I
x "
Fig. IV.F.1(b)PILOT TONES SHIFTED - Fig. IV.F.1(c) PILOT TONES
=21 Hz SHIFTED
. — - ~, - ' +21 Hz
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The nineteen templates are arranged into three group§ to represent
three cases: (1) the center bin has the most energy, (2) the right-
hand bin has the most energy and (3) the left-hand bin has the most

Cpu e 4

e . Each group in turn consists of seven templates with intermediate
frequency shifts. The software algorithm first finds the group of- tem-
plates which most closely matches the pilot tones. The second part of
the routine 'fine tunes' the match with one of the seven templates with-
in the group. The Table of Templates is shown in figure IV.F.2, and the

software algorithms in Figure IV.F.3 and Figure IV.F .4,

' DOPPLER TEMPLATES .  ° -

\ :
ST ‘ .
DH 1 . 4864,8556 ,42667
DH 4 5335,10193,51893
DN 7~ "' 5508,10944,61239
OW 10 6178,14961 ,65535 h |
DN 13 6964 ,23097 ,61239
W 16 7271,32995,51893 i ‘
W19 8556 ,42667 42667  j---mcmnnmn -
OW 22 10193,51893,32995 4
DW b3 1 10944,61239,23097 '
OW 28 14961,65535,14961
CDM 31 23097,61239,10944
"o 32995,51893,10193
DM 37 42667,42667 ,8556  j---==---- -—
DH 40 51893,32995,7271 ; |
DW 43 _ 61239,23097,6964 : !'
DM a6 65535,14961 .6178 \ n
DH 49 61239,10944,5508 o
DM 52 51893,10193,5335 | S
W 55 42667,8556,4864 .
Fig. II1.F.2 DOPPLER TEMPLATES o .
L

/ , : '
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- MAX=0

3

AX=TONE 1
*TEMP' BIN
(s1)

SI=SI+]

AX=AX+

. TONE 2xTEMP.

BIN (s1)

b

SI=SI+1°

1

-

AX=AX+
TONE 3xTEMP
BIN (SI)

STORE

SI+BX

+

REPLACE
AX-MAX

P

1y

SI=SI+1

Rt

TTEMPLATES

ARE

Bx= '
DOPPLER
SHIFT

Fig. IV.F.4 FLOW CHART FOR DOPPLER CORRECLION
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BX Tepresents the template that matches the doppler shift. The

-

‘ N L . :
number in BX can vary from 3 for a maximum positive shift, to 30 for

zero shift, to 57 for a maximum nega;ive sﬁ%ftu The VCO hardware qgé-

cribed in Section II1.D0.4 . 1is cantrolied by an 8-bit word for a %%ta1' . 1
shift of +25 Hz with a resolution of.  Bx is scaled .such that it cor- - )

v -~
responds to an 8-bit word as shown below.

~ BX : 3 <30.: 57 :
' 1
| ~ =108 < 0 < +108 }
l : :
. ° 5 h
. Using the VCO characteristics +128 represents a +25 Hz shift we have, 1
‘e ' ’ ) e
14 / L
108, 3

1o = +21.09 Hz ‘ '

L r

BX can equal +25 x

.

The maximum range of the control word is 1imited'by,§oftware to'proghcé

-~ . ) . ';

'-only a +18 Hz shift. '

’ LA

RS

IV.G.  AUTOMATIC GAIN CONTROL

The automatic gain control algorithm reads the pilot tone incoher-

.
et e+

‘ent diversity combiner output to determine the signal strength. There .

are three typés of /signals which require different methods of gain ad-

1
}

Justment. The three cases are: (1) severe overloading of the A/D
convertor and the preprocéssing analog amplifiers, (2) A/é convertor
-saturation and (3) weak signals. Severe overloading is normally

W, present in the synchronisaf?oﬁ mode at the beqinn%ng-of transmission.

1t is due to a combination of higﬁ signal levels and a low noise
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FETCH -
< DIFFERENTIATOR
_OUTRUT_

o ————

“

DIFF-THRES = PVR DIFFERENTIATOR _

DIFF-.OUT . = OUTPUT OF DIFFERENTIATOR

THRESHOL

FAST

FETCH HISAMP:
PEAK DETECTOR
ouTPUT

PRESET REDUCE
TIME . GAIN-6d8
.
-
REDUCE
GAIN BY
-10 d8

SLOW

A

Y | HISAMP=
HISAMP+2dB

INCREASE
.| GAIN BY
S

RETURN
—~ T0

MAX = OFFH SATURATED CONVERTOR
"HISAMP = OUTPUT OF PEAK DETECTOR

" EOH.= OPTIMUM SIGNAL LEVEL
L3 ")

TIME-SYNC
ROUTINE

l

-

" Ffg. IV.G.1. FLOW CHART FOR AUTOMATIC GAIN CONTROL
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estimate by the Deck unit. -

[}
.

The software algorithm shown in Figure IV.6.1. tests the differen-

P

tifxtdr output to see if this condition is present. When signal levels
a.re too high, i.e., more than +60 dB ab'ove noise, the differentiator -
output ‘{s zero, furthermore the positive differentiator threshold will
not be' met. ‘Refer; to Section IV.C.2. for more details. This will
result in the loss of data as synchronicgation will be lost. In thig\
case, the softwar‘e algorithm reduces the gain by 10 dB and presets the
time base. .

The second type of signal causes saturation of the A/D convertor

but does not -saturate the di’fferentiato/t;,f‘ This condition can occur
i w : ‘

e.g., if the orientationof the transducers change and the signal strengths

increase. The convertor may then saturate fo; a3 few samples only but
not long eno\ugh to cause a zero differentiator output. In this case,
the software algorithm reduces the gain by +6 dB. The algorithm is
called the "fast attack" AGC, and is shown in Figure IV.G.1. 3

The final type of signal can also occurs during transmission but
does not saturate the convertor. Weak signals may result from fading
due to arrival of d?fferent( signal paths, and changés in the b#iefnta—
tion of the transducers. Tpe software algorithm is shown 1in Filgure
IV.D.1. In this case, the algorithm makes aain chamges of +2 dB, pro-
vided the change does not saturate the convertor. To allow for some
ﬂex&bi]%ty in adjusting the aain, the siqnal is always optimized
within 1 dB from the top of the 8-bit A/D convertor. To determine
the maximum signal level, a peak detector algorithm is used. The

algorithm shown in Figure IV.G.2. compares success i ve,samples’ from the
~ ~ i,
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\\ . pilot tone incoherent diversity combiner, and saves the largest saﬁi;'ﬂé‘

-
) ¢ .

in eich 250 millisecond time interval.

' . . 4 . )
. .

IV.H ERROR CORRECTION

"

Coding is employed .in the underwater telemetry system to prov1de

- ' some measure of protection from fading. As a result a 1g-bit tidal data,

‘s

transmission is followed by its 16-bit parity codeword. A rafe one-
ha]% quasi_-cyc’lic code is employed in this system as decoding is rela- »
pt"ively simple. Decoding is straigr,rt fow;ward, if the t'rans'mitte‘d: code
vectlo‘?“nv(x,)/is corrupted by three or less errors and all th.e errors
fall in the information or parity vectors. bDeeqding is more complex
if t.he errors occur in both the in.for-m.ation and parity vectors.
“Karlin's décoding algorithm for the deccding of ra_te one-hal f

quasi-cyclic codes is used. The essential -features of this algorithm

+ are that the weight of the information syndrome ' (W]) and the weight

.
.e
4 .I_.

determine, the Jnumber and ]ocatwn of the

of the parity syndrome . (WP)

oo errors, (i.e. in the information or parity vector). WI

first computed by the a]gorithm shown in Figure IV‘F 1

-,

and NP are

The wei gh"ts

7&,? the?é two t;rms (W1, °WP)7 determme the method of correction F

> 1

.

) the number of errors is>Tless than or equal to three., [IV.H.].].
R e H.2. T ¢
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‘ ; " CHAPTER V . :
: 'PERFORMANCE AND CONCLUSIONS . L.
% , ' \ . ‘ '
' /’ ‘ ‘ : .
vsA.  INTRODUCTION .

. \ . \':
This'thapter deals with the performance testing and subsequent de-

sign improvements that were made on the Underwater Acoustic Telemetry
‘Sy'stem. Also included are the.re§u1ts of the sea .tests followed by some -
suggestions for improver;ents and other applicat‘ions. The prototype of
the‘ telemetry syg‘iem was completed and delivered to the Bed'ford Institute |
- of Oceanography (BIO) in December, 1981. 'Three Eriais were capried out; .
one at the BIO laboratories and twq sea tests'in the Bedford Basin,
Halifax. Bétween these trié]s dates the equipnienf. was returned' to .
Concordit University for modifications 1:.0 the des‘i gh and further tests.
Thé final sea trial on 11, 12 July 1982, was successfdl and the system .
. Is considered rdady for further testing in the Arctic. '
ngjTRIAL | -

*V.B. FIRST

v.B.1 INTRODUCTION .
. {

The main areas of concern in the ’Deck unit ’weré: the time e\s_tima- -
tion scheme eémploying the’ 7-.po1'nt FIR differentiator; the doppler cor-
rectioﬁ algorithm which is dependent on the performance of the FFT p;*o-
cessor, and the gain adj%ent algorithm.

During the first sga trial on 3 June 1982 it became apparent that
the influence of multi path made accurate time estimation difficult with
the 'scheme used at that time. The extent of mu]tipgth_ was examingd by
monitz)ring' the -output of the dive;‘siiy’combiner'with a chart recorder.

As shown in Figure V.B.1, the effect of multipath increased the time
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at which the negative transition point was reached in the 250 ms time
interval. Efforts were made to orient the transducers in such a manner
that the multipath problem was reduced: But in doing this, another

. problem beca:ne apparent.

- "Fig. V.B.1 PILOT TONE DIVERSITY COMBINER OUTPUT IN THE
.o PRESENCE OF MULTIPATH (80 ms).

The initial gain setting of the Deck unit is dete‘rminec{ by estimating
the noise in the environment. If this gain selection was high, the
time synchronizerohai*dwgre saturated, preventing the dif;ferentiator
threshold from being ;ruet. Since the Bottom unit in the first design
transmitted only two preambles, ‘the loss of ‘data \;vas inevitable. To
préver;t satu-na{‘ion the transmitter power on the Bottom unit wa‘s reduced

and communications between the two units was achieved. Despite this,
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o . . Ny :
synchronisation was lost during transmission when fading occurred.
. { N

¥
From these resilts it was apparent that a redesign of the time syncﬁron'—
‘i_sétion scheme was necessary, and the new design should be immune to

fading, signal saturation, and multipath.

V.B.2 FIRST MODIFICATIONS K . <

In the first design of the Deck unit time estimates were made based
on the negative transition slope of the differentiator. This region of
the diversity combiner output corresponds to the dead time in the trans-
mislsion period, and any s’ignals present are the result of multipath.
Estimates of multipath decay from the environmental studies presented
in Chapter Il varied between 30 ms to 100 ms. Therefqre, in the worst
case the dead time segn by the Deck unit is reduced to 25 ms; but this

" also indicates that the beginning of the next batch is free of multi path
from ‘the previous batch. .The absence of multipath interferenqe on the
positive slope of the differentiator made it the (‘)bvious‘choice for
setting the time estimate.

* The change to the p<.>sit1've transition slope of the differentiator
required only a miniml change to the software algorithm. initjal
synchronisation woul;i always be attained, si;ce the differentiator thr.es-‘
hold of the first batch would always be met regardiess o'f the signal {/, /
strength. Gain adjustments thch are made at a specific time during ‘

the 250 ms time frame can reduce the gain forrsubseqt‘:ent batches. To

add more reliability to the scheme the number of preambles transmitted
from the Bottom' unit were increased from two to sixteen. The first

four are used exclusively for gain adjustments; the remaining eight
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cg,rrect gam. doppler and t1me estimates. / .

i
-+ D1 fferent gain adjustment algorithms for high and 103 519na]s were

de51gned. As a measure of insurance a gain algorithm which was deren-

dent on the di fferentiator output was added. This algorithm reduces gaih

by 10 dB if the differentiator output is zero, indicating severe satura-

tion. It was felt that véry high signals could prevent the differentiator
threshold from being exceeded for five consecutive times. These chancg’e,s
pro;n'aed éxce'l’]en't performance for signal to noise ratios ranéing from
16 dB to 60 dB. To prevent loss of synchronisation due to fading, extrenme
time estimates are ignored and previously calculated estimates used
inste:;d. ’ |

Testing on the sea had its drawbacks, one of which was the lack of
monitoring equipment to aid in on-site modifications. A method to moni-
tor noise estimates, time estimates, and ddpp]er shift before transmis-
sion was desirable. Furthermore, if some of the system parameters could
be changed by the user a better understanding of the difficulties and
ﬁhanges (cou]d be made qn-site. Access to the Deck unﬁz was provided
via the RS232 send .]‘ink and software to monitor or modify system para-

meters were developed. In essence a diagngstic tool was added to the

Deck unit, which contributed to the success of the second sea t\:rials.
|
V.C. SECOND ' SEA TRIAL

Sea tests of the acoustic tel eme‘try system /were conducted on
July 12 and 13, 1982, at the Bedford Institute of Oceanography, Darmouth;
N.S. The Bottom unit was placed on board the Tudlik and the Deck unit
on board the Phoenix. Transducers from both' units were Towered.into

4

the Bedford Basin and data was transmitted at different transducer depths
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.
and distances. Various data patterns were transmitted successfully,
which showed that the effects of frequency dispersion was minimal, since
certain data patterns produced tones 12.Hz‘apart. ’

The Bedford Bagin, unlike the open ocean, has closed boundaries
making multiéath a serious prob]em: The muddy bgttom of the basin at-

,‘fenuated signals significantly and the noise level was higher due to
ship'traffic and shoreline industries. This contributed to the poor
S/N ratios encountered. Despite these conditions, the sysfem performed
eﬁfeljently and é}ror—free transmission was possible up to 1500 meters.‘
A summary of the eleven transbissions is described in Table V.C.1.

Fading is apparent in transmission number 8 where a}burst of 6 errors

occurred. But with a transmitter power'of 6 watts and less rigorous

conditions in open sea, pérformance is expected to improve considerably. -

.

V.D. 'PERFORMANCE'AND IMPROVEMENTS

S - To iQprove the reliability and.performance of the system several

. . 4
‘design changes are suggested: .Hand:shaking between the Deck unit and
t

t

B@ttom unit will . improve synchronisation. At present, the Bottom-

unit transmits the preambles followed by the data as soon as it recog-

[

-nizes the Deck unit interrogation command. There is no knowledge of the ,

N qua]ffy of conmuniﬁation\until the end of transmission which lasts
approximately 4 minutes. - The need is more urgent since most of the dif-
ficulties of sﬁ%chronisation tranﬁ1ate to waste of power in the Bottom
unit. Two interrogatigp commafids are suggestedf%(nne for- the preamble

[}
sequence, and the other for the data sequen#é. Furthermore,. the preamb]g
. -} »
. [ .
sent by the Bottom unit shoftld be Tabelled with an identification
. . \ )
* a ,

PR Y



RN

- 194 - ' i

number. The Deck unit can then make a decision as to communication 1ink

by the time estimates and £he preamble labels; only if these conditions
a : - -
are satisfied the second command can be sent to the Bottom unit.

. \ ‘
The second improvement deals with increasing the bit rate of the -

sy;Egm, which is at present 32 bps coded. -An increased bit rate can

Se achived by transmitting only the differences ia\g?nsécutive data
words rather than the full 16 bits. This is a realistic change as tidal
levels do not change abrdpt]y under normal” weather conditions. Soft-
ware changes in both unité are required; the hardware is quffe§ted

by this improvement. The transmission of data will still represent
16-bits of data but then bits will represent differences between

several tidal data readings. The numPer of readings it ian represent.
will depend on the/maximuw change in t{de levels expected, for the time,
ipterva]s readings are made. .

Some othgr improvipépts relate to the hardware; The programmable
amplifiers useé in the preprocessor can be replaced by a“signals
packagg, recently available on the market. Besides reéﬁcing }he chip
coqpt the performance of this new device has noise and dynamic range
supe;?or to the presently used amplifiers.

The voltage controlled oscillator requires some improvement vis-
a-vis sensitivity to power supply fluctuations. The probiem lies inL\
the stability of the reference yp]tage used in the D/A convertor. A
stable reference source should eliminate this problem.

The speed of the FFT procgisoé can be increased from its present
rate of 30 ms. 'The gain in speed Ean be obfainedlby introducihg more
parallel processing and eliminating the mu]tiplicatidn during the last .

o . ’
pass of the FFT, which involves multiplications by zeros and ones.

ittt astadiniig ' - N Cmima mae s a o temman e s

© 7
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F&ster EPROMS in the address indexing and the microprogram gene;ator
will reduce the access timé and increase the processing speed. Obvjsus—
1y,_a radix-4 implementation will increase the speéd but at the expénse
of more hardware. ' ,}

! ¢
Computational noise is present because of the mismatch between the.

input word size (12 bits) and the 16-bit arithmetic used in the FFT

butterfly calculation. To maintain the word size the outputs of the
12-bit analog-to-digital convertors were shifted up by four bits.
Two solutions are possible; increase the convertors to 16 bits or re-
duce the multiplier to 12 bits. The latter is a more reasonable approach
as 16-bit convertors are costly whereas a 12x12=bit multiplieg would
reduce the hardware of the FFT processor.

\

The proposed improvements involve some software and/or hardware

mo&ifications. Obviously some are more cost effective than others.

The increased transmission rate is a good example; it would signifi- .

Ehnt1y reduce the séorage hardware or ‘alternately increase the amourit
of information gathered;z The single most important savings would be
in the consumption of power, due to shortened transmission timé. Sincg
most of the power is consumed during transmission, a longer battery life
is desirab1e especially when deployed in remote areas. Other changes
are fine tunihg adjustments and the user ﬁust decide the iﬁbrovements

in view of the increased cost. Regardless of these suggestions the .

“system in its present condition is an excellent communications system

“and satisfies the requirements for efficient transmission of data in

the underwater environment.

»
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V.E. OTHER APPLICATIONS ® : ~ .

The underwater acehstic te]emetf} system is a reliable communica- ] ~
tion link which can be\usee in many’appjications where data needs to be
conveyed,efficiently underwater. The qbncepts designed into the equip-'
ment %eadi]y lend themselves-to applications other than h}drographic ) ‘

surveying and oceanography. Because of the high data quality poss1ble,

\

the system can be adapted to a number of civil and military uses. These

include:
v . . .
1. the control of seaflaor instruments associated with oil
. exploration and extraction.
2. submarine cable oos1t1on mQQ1toring ~ e
3. po]]ut1on or water quallty monitoring. )
b "4. . control of submersible vehicles used in ocean exploration
and defence.
: <
w e
! / |
. < .
f. 1}
//
o
5’~
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APPENDIX VI.A . )
. ‘ {; -
VI.A De51 n of a Second Order Lowpass Butterworth Filter
ZMultlp]e Feedback F11ter7 ‘
The basic circuit is shown below.” a o
Vi R R3
O — WA
T -
¢ L
.
The transfer function of the above filter is
v, ~Kb_ | . . ’
2 - o __ e B (VI.A.1)
v] 'S +b1s+b6 : T .

where bs,by;  are constants found in Tables and K 1is the gain of the’

filter. | o A '
boJ= E%$§ ) . | | L (VI.A2)
by =6 +6, 9% P (VI.A.3)
K = ;% =.§%. . (VI.A.4)
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Design Procedure ,
\ 3
1) select C,=1.0F e :
~ N . . <\/
, 2)~ Find 'bo’bl from Tables.
“3) Solve (VI.A.2) to (VI.A,4) to find Gy»Gys6g
'ﬁ - -
4) Denormalise capaci%Or and resistors using
: . - : 3
g C “n o s VI.A.5)
p  U{ISF) o ° / - (VA
L R_ =.R_(ISF) ‘ N (VI.A.6)
- P n ~
“where fc = cut off frequency. o
f, = normalised frequency SR o o %
. ISF = impedance scaling factor
f Y ’
= <
. where ISF 507
- Wy /. n'
. Rp,C‘; are practical resistor and capacitor values.

Rn,Cn are normalised r‘esistOJ' and capacitor values ‘[III.D-.Y;].‘ :

4

[T
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X " APPENDIX VI.B *
VI.B.1 Desiagn of a Second Order Bandpass Filter
(Multiple Feedback Filter) .
-
The basic circuit _ )
- - s
- A
Cz2
211
o . . .{
Vi \
R2 A
- L %;
Transfer Function ,
v2 - % R ~ .
'v—= 2 B or ) (vi.B.1)
1 § et — + ] .
_ Qs ‘ .
where K = gain X
wo : . ' - . w
Q = quality factor = B X

where B is the bandwidth and W, is normalised to 1 rad/s.

The constants of the transfer function are related to the passive

components of the circuit by

r ‘ LS
(c,+C,)G . . _ -
!
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,
S ~
. 4

(vi.B.5)
(vi.B.6)

(V1.B.7)

g) q§e denormalising method described previously for practical

and C. [III.D.7.].-:

A
_— - 200 -
- o
g 2., . 8l616)
w - -
0 : C]C2
«i - \
v ST N 'G]CZ A :
" KeglcHT |
3G TN
_ 1 .
< .\
let C] =0, = C them
. !
26, J
B = 6'= < /
22 56
, °o c?
P '
F's v \-’_
Design Procedure
4
1)  solve for .G;,G,,64 .
’ . & values of R,
.._J—-.
.

Y
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|« . APPENDIX VI.C Lo
/ \ ] N - . .
T VILCA Desmn of a Cjbvsa]ev Bgndgass Fi;]gl: Using, a Bgm; Brgym
S B Umversa] Active Filter, UAF41.
‘ , .The .UAF41 uses a state variable technique; the circuit is shown
’ .« below for a 2 pole active filter. a
\\ ,
g : \ )
, ~
° : ﬁz 1" *Exrernal
¢ Resistors
-~ , | /
B [ 3 » s t
‘. t .
* . [ *
. Trahsfer Function
. ‘ Agplwy/Q)s | -
T(Bandpass) = 5 == — . , (vi.C.1)
] . S + (wo/(q)s + mo . . ” . .' \
o F] . \. - v* '
) ey -
Ly 4 . \ »
' - ' . [ J
/**/ B
f ) W o
- . .

S TRt Py
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Design Procedure

1) Determine normalised lowpass filter paraﬁeters (fn and Q)

B e e T E ) / S

ans

based on the type of response and the number of poles, and

ripple in thé passband. L

/

’ , L
2) Lowpass to bandpass transformation using computer program‘V
supplied by Burr Brown. ‘ ’
3) Determine the actual cut off frequency, f, by multiplying
f, Dby the actual desifed cut off frequency.-
4) Use the following equations to determine
9 8 /[
, 10 1.592 x 10
a Rey = Ry = = x (vir.c.2) .
Fr T e T f /
ABP = QpALP = QPQHP (vr.c.3) .
) 4 ' .
. 5x10 -, AU
RQ = W (,\/I.C.4)' ,
4 - “ | -
, 5x10°Q L i
- Rg % —f—— - (VI.C.5) v
[ Pep

where QP =Q and A

B

p is the gain. [III.C.4%].

by

’
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APPENDIX VI.D

The circuit diagram is shown below:

T

—
’1'1‘”:??‘
_%ﬁ
In 0t
1,01, la<t,
v . o - -
' 1
%R > %R ' - Ry Ry
. ‘ +
i !
. . .
The transfer function for bandpass filter is
//
/ ‘ e
’ H(s A
<, T(s) =— (g )
S2 + -GY- + mz

-

VI.D.1 Design of a Biquad Elliptic-Function Bandpass Filter

(VI.D.1)

where w 1'sfeq'ha1 to ‘any the pole frequency in radians per second,

Q 1is the bandpass section and' H is a gain constants.

/

»

~
i
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The transfer function for Fig. VI.D.1 is

” RyR
v AR
Re RoR5C Ry4Rs
T(s) = (V1.D.2)
2o, 1

.
for notch frequency f less than resonant frequenty fY, but when

fm>fY the transfer function’is

/

2, RR ’
Lo - ) |
Re R,R5C RyRs
T(s) = - & T 1 ‘ (VI.D.2)
AT RY:: |
. 1 » RZ 3c

equating (VI.D.2) with (VI.D.1) we obtain

[}

Ry = R, ’"27%‘(‘5 ' (VI.D.3)

¢
R.I '
Ry = Ry = ¢ (V1.D.4)
fYR .
Rg = —g—— . ' ’ VITD.5
‘ > qfz- 2 o)
Y . :
f R ; . ’ -
R6 = ?}—. % . L (VI.D.G)
- L9 x .
RG = R - ‘ (VI.D.?)\
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Design Procedure
. e

1) Find the stopband to passband roll off .AS

‘r
_ STOPBAND o
: As = PASSBAND - v (V1.D.8)
2) Select a normalised lowpass filter that makes” the same
transition from tables. '
ol . ‘
3) PerfOﬁm bandpass po]e—zerg transformation the results of

which will indicate Yhe number of sections, their”fY ,
«» . N R

Q and f_ - ' \

4) Use equations (VI.D.3) to (VI.D.7) to compute component

values. [III.A.1.7. ' ' . ‘<
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