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ABSTRACT

Background :

The hardware Today Radio Astronomy has developed to be a highly complex, inter-
ggiﬁg:g:”d disciplinary subject. Many radio astronomical problems need technologies
provides the from different engineering fields and knowledge from many scientific fields,
gff;‘;bg;”;?‘zg:; at times well beyond the state-of-the-art. Large number of unsolved

problems in the area of the meter-wave radio astronomy, led to the
conception of the world's biggest meter-wave teiescope array facility in India, known as the Giant
Meterwave Radio Telescope (GMRT). It consists of 30 dish antennas operating in six different
center frequencies of astronomical interest. Some of the important studies that are planned with
GMRT are the inter-planetary scintillation study, pulsar searches, studies of known pulsars, radio
recombination line observations, and lunar occultation observation etc. All these observations can
be efficiently carried out only if a suitably combined output is available from the GMRT array .The
instrumentation design and development details presented in this thesis, facilitates the above
described observations with GMRT by providing such single beam outputs in two modes.

The Design and Development :

The design requirements were carefully studied. The GMRT array simultaneously requires the
incoherent and the Phased Array mode Single Beam outputs for efficiently conducting certain
important astronomical observations. After the array outputs are digitised, delay corrected and
Fourier transformed, the signals can be tapped for producing the single beam mode outputs.
These are complex spectra, represented by digital numbers.

Large Number of inputs: There are about 120 complex numbers each being 12 bits wide,
contributing 1,440 input signal bits to the system. Handling so many inputs is a major task.

Large Processing Power: There will be about 16 million such 120 complex numbers to be
processed every second. This calls for a high speed digital processing hardware with capabilities
todo 17,280 Million Multiplications, and 8,488 Million Additions every second. The computational
power required in producing the two single beam modes cannot be met by any readily available
commercial hardware, -

The major engineering challenges arise from the magnitude of the number of inputs to the system
and from the required speed of operation. It is required to design a suitable instrument to meet
these requirements.
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The design was carefully analysed and the two main sections were identified. Techniques were
found out to simplify the design' complexities. To validate the design, a reduced version of the
instrument, working at 16 MHz, was built and tested at the telescope site with astronomical
signals. The tests showed that the basic design was working satisfactorily. Currently it is being
used for the astronomical observations. In this design, the major computations were simplified
using the look-up tables, and erasable programmable logic devices were used for performing the
addition. In the final design, two more important considerations were inciuded, viz,,
1) simplification of the hardware complexity by running the system at twice the speed,
2) optimisation of the quantisation levels (in the look-up tables) in accordance with each
independent input-signal level.

Then the final instrument design work was taken up. It has been designed with a scalable
architecture. The system speed of operation is about 32 MHz. Running the system at the higher
speed introduced new constraints. The hardware technology required was completely different
from what was used in the proto-type design. The realization of the final system hinged on the
availability of faster components in the market and the knowledge from literature for building such
high speed systems. For this purpose, the high speed circuit design aspects were carefully
studied. The techniques for performing processing of signals at the required speed were identified
and circuit layouts were carefully made to suit for the high speed design. The full system design
was completed. The design taking into account ail the additional factors is implemented in the
final version of the hardware. The PCBs required for a main section of the instrument,
supporting an eight dish system (two polarisation ) were made, assembled and tested,

Results and conclusions: ‘
The Array Combiner operations were analysed by simulating the system operation using
computer programs. These simulation studies yielded useful information about the choice of
parameter to optimise the performance of the Array Combiner. After the instrument was brought
to the final form, it was tested with the simulated signais in the laboratory as well as at the
telescope site. Tests carried-out include observation of the noise sources. The test resuits show
that the design goals are adequately met in the hardware. Using the proto-type, even pulsar
signals were observed by connecting the outputs to the Pulsar search pre-processor back-end.
The following are the two typical results (observed pulsar profiles).
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“Introduction

Chapter 1

Since the World War-Il, astronomers have been probing the
sky, also in wave-length windows other than that of the
visible light. Most of the radiation whose wave-lengths are
shorter than that of the visible light, like ultraviolet and X-+ays,
is all blocked by the Earth's atmosphere. Ulraviolet and X-ray
observations can be made by sending detectors to high
altitudes using balloons and rockets. For X+ay observations,
Geiger and Scintillation counters are used. Now there are unmanned UV observatories
orbiting around the Earth. Gamma rays are hundreds of thousands of times more
energetic than X-rays. Practif:aily the whole universe is transparent to them. Hence,
they seem to be the only strong signals to reach Earth from the farthest places in the
universe. Having survived many light years of journey, they are stopped by the Earth's
atmosphere. These cosmic gamma rays can be indirectly studied by looking at the

Instrumentation
for GMRT,

sub-atomic particle shower, they produce while interacting with atoms and molecuies of
the atmosphere at the high altitudes. Orbiting gamma-ray observatories are also used

for direct observations.

In the case of infra-red observations, the temperatures of the celestial bodies are
studied. Most of these wavelengths penetrate the Earth's atmosphere. Infra-red
observations are little complicated due to the fact that nearly every object, including the
instruments used, emit infra-red (heat) radiations. Telescopes and photographic
emulsions made to operate at the visible light wavelength could well suit for infra-red
radiations that are close to visible light wavelengths. In olden days direct sensation or

- thermo-meters were used to measure the infra-red radiations. Later on thermocouples
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and gas expansion schemes were used for measurements. Recent equipments are
vacuum shielded to prevent radiation from outside and cooled to absolute zero to
prevent the equipment from producing infra-red radiation. And these techniques
increase the sensitivity to a great extent [1].

The radio waves can pass through the Earth's atmosphere and even through the
clouds. Radio Telescopes are used for receiving these radio frequency signals. These
telescopes revealed celestial objects which were never seen before even by the
biggest optical telescopes. Systematic surveys of the sky led to the discovery of
thousands of objects emitting radio waves. Some of them don't have any significant

emission at the optical wavelengths.

Generally, the quality of radio observations is limited by three major considerations;
they are, the low resolution of the telescopes, the low intensity of the signals being
received, and the terrestrial radio Interference [2]. Interferometry and aperture
synthesis techniques were developed to improve the observational capabilities. These
techniques are very powerful and complex too. Today, there are many powerful radio
telescopes that are operated based on these techniques.

In the early days of radio astronomy, many interesting experiments were carried out,
which helped in improving our understanding of the solar system. Large antennas with
high sensitivity and angular resolutions, improved data-processing methods, the use of
interferometers and specialised instruments have enabled studies of farther objects
beyond our solar system with greater details. These improved techniques showed the
evidence for the existence of new kinds of extraordinary objects like, the Quasi-stellar
. Radio Stars (Quasars) at high red-shifts (receding), the highly magnetised rotating
3 Neutron Stars (Pulsars), continuously varying Active-galaxies and objects with escape
velocity greater than that of the velocity of light (Black-holes) [3]. Detection of many of
these objects helps in the understanding of the state of the Early-Universe apart from
unveiling many other new scientific fundamental facts. The centre of our galaxy, heavily
obscured at optical wavelengths by thick curtains of interstellar dust is still another
interesting area for exploration at radio wavelengths. Hydrogen is the basic building
block of the universe, whose line emission at 21.1 cm is studied and has resulted in
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important insights; for examp]e the shifts in the line frequencies due to the Doppler
effect has helped understanding the Galactic rotation. Detection of the Carbon
monoxide (CO) line emission at 2.6 mm (115.3 GHz.), gives the indirect evidence for
the presence of the second most abundant component in the Galaxy, the molecular
hydrogen (Hz). The simplicity of the CO emission gives useful information about the
interstellar clouds, which are also the potential regions of star formation [3]. Another
interesting research area is related to the question whether other stars have planetary
system. It is too difficult to use any direct methods for this purpose. Detection of the
wobbling of a star could be associated with presence of a rotating massive planet
around that star. For this purpose, as one of the methods one looks for Doppler-
induced wavelength shiffs in a stars spectral lines using highly specialised

spectrographs.

Today, the nearly 60 year old Radio Astronomy has developed to be a highly complex,
inter-disciplinary subject. Many practical problems in radio astronomy can only be
solved by applying suitable techniques from various engineering, and scientific fields,
at times well beyond the state-of-the-art.

Lérge number of unsolved problems in the area of the meter-wave radio astronomy,
many other new scientific objectives and the absence of a powerful metrewave
telescope anywhere in the world, led to the conception of the meter-wave radio
telescope array facility known as the Giant Meter-wave Radio Telescope (GMRT) in
India. When it is completed, it will be the World's biggest meter-wavelength synthesis
radio telescope. GMRT will be a very powerful tool in the investigations of phenomena
ranging from stellar systems to universe as a whole. The Y-shaped GMRT array
consists of 30 dish antennas of 45 metre diameter, operating in six different frequency
bands [4].
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Although the GMRT is basically an
Sﬁ':;:;,,m Aperture-synthesis instrument, a single

B e | beam mode is desirable for studies such as

untargeted inter-planetary scintillation, pulsar searches,

/ Surveys studying known pulsars, radio
recombination line observations, and lunar

nstumentation occultation observations etc.. Such a single-
beam mode essentially involves combining the different dish outputs suitably and is
best suited for studying temporal and spectral variations of sources smaller than the
effective beam width of the single-beam. In such cases, a single-beam mode helps in
simplifying observations in terms of reduced hardware and data rates etc.

The hardware The special instrumentation designed, developed and presented in
designed and developed

provides the this thesis, is aimed to provide two simultaneous single-beam
single beam modes _

for the GMRT Array modes for the GMRT Array.

In some applications, for example in untargeted survey/search, it is desirable to have
more sky coverage at the expense of reduced sensitivity. If the outputs from all the ‘v
dishes are combined incoherently (after detection), then the effective collecting area

would be about VN times the area of a single dish, which is approximately 5,500
square metres for 30 dishes, with a field of view of approximately 0.3 square degree (at
610 MHz). In some applications, it is required to have the highest available sensitivity,
although field-of-view may be very small (for example, while studying known pulsars).
This would involve combining the dish outputs coherently (before detection) where the
effective collecting area would be approximately N times that of a single dish (30,000
square metres for 30 dishes). However the field of view would be very small (at best
1/N th of the former case) [5, 6].




) the case of a relatively small telescope arrays, the single-beam can be achieved by
ably arranging variable delay elements in signal paths and then adding the detected

als (Incoherent Addition) using suitable power combiners. For the coherent
_______ vination, however, the delay parameters need to vary in very fine steps. Hence to
wvide very fine steps in the beam positions and in many directions it would require
2 amount of duplication of the networks and lot of switching elements in the system
is a cumber-some task. It is not practical to attempt such beam forming
chnigues for the 30 dishes of the GMRT array, where the long and continuously
ging baselines will pose serious difficulties in achieving such networks and will

in serious limitations in the performance of the single beér_n system.

gle beam can also be simulated by first recording the dish outputs, and then

ing it off-line through suitable computer software. To do such operation in real

& it needs mammoth data acquisition, a terra sample storage (30 x 2 x 32 million

a word to be recorded/processed every second, for the entire observation duration!),
processmg capabilities.

re is no off-the-shelf ready made solution available to meet these requirements.

antly the digital technology is increasingly progressing every day. For most of the
ign problems, now it is possible to find a spectrum of elegant digital solutions. Many
log problems can be dealt with easily in the digital mode. Such designs will also

from programmability, easy change of parameters, good repeatability and at
8 remarkable compactness.



‘‘The GMRT design has already incorporated a digital front-end hardware to process the
base-t and signals. From each of the GMRT dishes, two bands of 16-MHz, for each of
two circular polarisation will be available. These 4-bands of 1 6 MHz each are
mpled. in parallel, and after signal propagation delay between antennas are
ected, the sample sets are Fourier transformed separately to produce 4 complex
Ctra each with up to 512 spectral channels at Nyquist intervals. These output
Mplex spectra are available sequentially at a rate of 32 MHz per side band. Thus in

ll there are 60 such data streams that are available in parallel.

s most convenient to tap the digital signals from the array af this stage, and digitally
e them to produce the two simultaneous single-beam modes. Such a system,
ﬂmart from meeting the observing requirements, would be relatively compact, flexible,

- quickly configurable, and can incorporate many additional desirable features like
channel wise, dish wise gain control etc.

i

The aim in this project was to design and fabricate a suitable digital hardware to realise
the two single-beam modes discussed above. It should be noted that such a hardware
would be required to work at 32 MHz rate, where digital design is generally very
complex. Facilites are provided for combining or not combining any specific
combination of dishes. Test facilities are built-in for testing this as well as any other

hardware that would use the single-beam output. A PC based control enables
programmability and hence flexibility.

In the present study, the design for a model is worked out. A detailed quantitative
. analysis of the performance evaluation is carried-out using computer simulations. A
pilot model which can cater 4 dish inputs was considered, built, tested, instailed at the
'. telescope site and has been validated by using it for the astronomical observations.
:; The model was developed for the complete final system with all the required facilities.
An up-gradable final system for 8 dishes was fabricated, tested and installed at the
ﬂo The system was evaluated by several tests. The test results are presented here.
The test results show that the design goals are adequately met in the final system.




3 dntroduction

.4 Layout of the Thesis

The thesis presents brief introductions to radio astroriomy as a subject, various
techniques adopted in the radio telescopes, about the GMRT instrumentation, and its

ientific goals. Then a detailed description about the single-beam hardware design
_ development and test results are presented.

Chapter-2 presents a brief introduction to radio astronomy and radio telescopes. It
describes the receiver electronics aspects and gives an outline of the various type of
. receivers used in the radio telescopes. It also gives an overview of the different
techniques adopted in radio telescopes to enhance observational capabilities and a
brief introduction to some of the big radio telescopes in the world.

Chapter-3 describes briefly the Giant Metre-wave Radio Telescope (GMRT), its
Scientific goals, followed by an outline about the receiver instrumentation, and digital
back-ends available in the GMRT.

Chapter-4 contains a detailed discussion ‘of the design and development of the
instrumentation for incorporating singfe beam modes in the GMRT.

Chapter-5 gives detailed account of the various fests, their importance, results and
a discussion of the results.

Appendix - A _
Contains the thirty dish Array Combiner system Plan details.

ppendix - B
~ontains the Simulation Programs [Provided in a floppy disk].

‘Appendix - C
‘Contains the complete details about the eight dish hardware installed at the GMRT
‘Site. Related programs are provided in the floppy disk.




. Appendix - D
. Contains the testing/diagnostics lookup programs used during the development of the
. system [Provided in a floppy disk].

Appendix - E
~ Contains the details about the proto-type system. Related programs are provided in the
~ floppy disk.
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ha pter 2

oduction to Radio Telescopes |

2.1 An Introduction

?-led!y Radio Astronomy has developed to be a highly interdisciplinary field with
_-wmections to various fields of science and engineering. Observing the night sky on a
Z'iﬁw day using an optical telescope has been the traditional tool for Astronomy.
| Although these telescopes have revealed the vast size of the universe, the universe
tumed out to be bigger than one had ever imadined. Often, we have serious limitations
.-ﬁ* uéing optical wave-lengths to leam about how the universe looks. Some regions
like the centre of the our Galaxy are heavily obscured by thick curtains of interstellar

0.1

0.0001

0.001 0.01 1
| Microns
. The electromagnetic spectrum, showing the wavelength range of the ‘windows’. The radio range is fmited by the

ionosphere at wavelengths grealer than a few metres, mwmmuwmm
about 2cm. (ref. Burke & Smith, 1997 )

2-1
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other objects like most of the Neutron Stars don't radiate enough at optical

the ends of the electro-magnetic spectrum, that is beyond the infra-red, is
d by radio waves. This spectrum can broadly be classified as microwaves,
aves, and metric-waves. These radio waves can pass through the Earth's
sre and even through the clouds. Antennas are used to pickup these radio
This 100 year old technique originated from Maxwell and Heinrich Hertz, has
ed to be a very sophisticated technology.

ore World War-Il Bell Laboratory radio engineer Karl G Jansky investigating
-4 disturbances interacting with trans-oceanic telephone service, found that the
he was receiving was originated from our galaxy, the Milky-way. Followed by
this, an amateur astronomer Grote Reber built his own radio antenna and
Systematically mapped the sky and found many intense sources of radio emission.
g the war British radar technicians found that Sun is the intense radio emitter.
the astronomers from many countries be‘gan to make radio observations.

omers have leamnt to design and use special antennas for receiving radio
signals from celestial objects and they have named these antennas as radio
copes. These radio telescopes revealed enormous number of celestial objects
¢éh were never seen before even by the biggest optical telescopes. Systematic
) g over the sky led to the discovery of thousands of celestial objects emitting

waves. Some of them don't emit any light and are not obviously visible to the
gal telescopes.

_' 1g this new tool for astronomy many interesting ekperiments were carried out. Radio
were sent to the Moon and reflections were obtained. These RADAR
ants revealed day time meteor streams, which were never visible to the optical
sopes. Reflections of radio signals from Venus revealed an accurate measure of
ce. Radio signals are also used to get a closer look at the Venus clouds.
3 experiments gave the conclusive evidence for the correction to the apparent

period of Mercury. Radio and radar studies of the Moon revealed the sand like
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s of its surface before the landing experiments were attempted. Information about
sts, their temperatures, surfaces, and magnetic fields were obtained using radio
ations. Observations on Sun revealed much finer details. As the receiver is
d to receive higher frequencies, the radiation received comes from increasing
Jths within the Sun's outer layers, and it became possible to study these layers
arate . Solar flares and Sun-spots are found to be strong radio sources.

ng radio signals through interplanetary ranges posed great technological
ies. As the strength of the echoes decreased with the fourth power of the
distance, it became very difficult to detect them. Such prdblems were solved by
smarter techniques. Large antennas; improved receivers, data processing techniques,
. and the uée of interferometer enabled astronomers to study farther and weaker sources
' and to obtain great details.

Usually radio observations suffer from low resolution, low intensity, and interference.
. The resolving power of the telescope is directly related to the diameter of the dish. For
:: a given wavelength of operation the bigger the diameter of the dish, the better the
resolving power of the telescope. At very !‘ong radio waves, images become fuzzy
cause of the large diffraction fringes. This problem is not solved easily because it is
Mot very easy to build bigger telescopes. A dish of about 30 meters diameter operating
21 cm wavelength can have a resolving power of only 0.5 degree. This number here
ns this telescope cannot distinguish details smaller than the size of the Moon in the
. Constructing still bigger telescopes is much difficult an effort.

ion to this problem has been found by using interferometry techniques. Using
» or more radio antennas simultaneously, it is possible to simulate the effect of one
: large antenna. The farther apart the antennas are the better the resolving power
can be achieved. Optical telescopes typically have a resolution of 1 to 2 arc
gconds. Radio telescopes used in the combination have managed to achieve
esolutions better than these figures. This technique is very powerful and complex too.
quires the precise knowledge of when a particular radio wave arrives at the given
Such interferometry can also be tried between an orbiting radio telescope
a ground based one.

12
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@ second handicap is the low intensity of the radio signals. The energy of the photon
s on the wavelength. Photons of radio energy have such long wavelengths that

,Jeir individual energies are quite low. To get strong signals focused on the antenna,
: s collecting area of the dish must be large. |

interference is the third handicap for radio observations. Man-made interferences
thousands of times stronger than the astronomical signals. These interferences
drown the radio signals that they can never be detected at all. The only way out is to
- onstruct the radio telescopes at the remote radio quiet places. -

it is now more than 60 years since the discovery of cosmic radio waves by Karl G.
| Jansky. The radio antenna that he used was about 100 # long by 12 ft high. It had a
. vertically polarised , unidirectional fan shaped beam with its half-power width of about
30 degrees. The antenna was a Bruce-Curtain type. The antenna was mounted on a
] horizontally rotatable base structure. A synchronous motor was used to turn the
~ structure once every 20 minutes. The antenna output was connected to a sensitive
receiver and the receiver output was observed using a pen-on-paper (chart) recorder.
The receiver had a long response time. This first ever successful radio telescope
. operated at a wave-length of 14.6 metres (at 20.5 MHz).

.'.hnsky's experiment gave him a very good estimate of the background sky radiation
md how it sets a limit on the smallest detectable signal strength. He quickly realised
;Tllat it is not the receiver but the antenna sensitivity that has to be improved. He felt
that it would require larger antennas with sharper beams, with capabilities to point
easily in different directions to make progress in this field (radio astronomy). This led
Irn to propose construction of a hundred-feet diameter parabolic-dish antenna for use
at metre-wave-lengths. Although Jansky did not get the support, many others got
-influenced by his ideas and started building more sophisticated radio telescopes.
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the modemn radio telescopes built using the state-of-the-art technology, has
pabilities to operate from decametre-wavelengths down to sub-millimetre

wavelengths. Some of these telescopes facilitate angular resolutions as fine as 1-milli-
Sresecond.

Feed and High frequency Modern Radio Telescope
\ part of receiver
Parabolic
reflector
On-line
Alt-azimuth drive
Digital Backend
instruments,

- Ana!og' Data fntzmga

part of receiver > etc. Computers
2.2 _

- The telescopes and the receivers vary quite widely. The picture shown here explains

principle parts of a radio telescope with a common example. A distant celestial
' Bource emits signals. The parabolic reﬂéctor is made to point towards the source. This
= usually done by a computer based control system. The radiation incident on the
efie ctor gets focused and is picked up by a feed located at the prime focus of the
ctor. The high-frequency low-noise amplifiers are located right close to the feed.

pre-amplified signals are brought down to a suitable place, where they are further
lified, detected, integrated, and the outputs are recorded for further processing.
me times the data rate may be too high for direct recording. In such cases, real-time

processing using dedicated hardware is performed, and the output information at
Bced rate is recorded for further processing.
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receiver system of a radio telescope is as much important as the telescope
snna itself. The Receiver must be sensitive enough to record the very small
ages that the aerial feeds into it without much distortion. Amplifiers are used to
the small input voltages to a convenient level for further processing or
ording. Moreover such an amplifier or any lossy element introduces additional
¥se’ of its own into the receiver. This additional unwanted noise introduced has
cteristics similar  to that of the signals received from the astronomical sources.
‘often the signals coming from the radio astronomical sources are several times
than the locally generated recsiver noise. Distinguishing the celestial ‘noise’
Ihls unwanted noise is a fundamental task in a radio telescope receiver. Hence

itive observations are possible only if all the operations in the receiver are

erally radio astronomy observations fall into two main types. They are, the spectral
2 observations, and the continuum observations. There are receivers built specificaily
facilitate these observations. In the case of spectral line observation the precise
quency of reception is critical. Generally spectral resolutions of tens of kilo-Hertz to
; mega-Hertz will be required for such observatidns. In the case of continuum
ations, the total amount of power emitted over a wide frequency band is of
Interest. In this case, the details in narrow frequency bands is not very critical.

~he front end of a radio telescope receivers is basically similar in construction to that of
communication receiver. The most common type of receivers used in the radio
tslescopes are of the superhetrodyne type. Here the signals from the source are
pled to the receiver by an antenna. The source signal's frequency characteristics
® shifted to an intermediate frequency band, which is then amplified and fed into a
ck-end system. There are different kinds of back-ends used for observations. For the
pectral line observations, a spectrometer back-end is used. In the case of continuum
= servations the total power detection systems are used. The exact configurations and
sapabilities of these back-ends differ in detail based on the frequency resolution
yuired, nature of the signals, required bandwidths and sensitivities.
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aditionally there are many different types of receivers being used for the general
' > astronomy observations [24]. Some are listed below:

Power Receiver:

receiver simply measures the total noise powers from the antenna and the
er. Square-law detector is used to get the signal envelope. An integrator
vers ges the fluctuating signal power for a specified length of time (T). As the inverse
the pre-detection Bandwidth (B) determines the interval between the independent
. estimates of the average power, the product BT gives the number of independent

'- estimates averaged. Usually the averaging time used are in the order of few seconds.
*Ihs value is a compromise between too short a period, for which the output noise is

excessive and too long a period causing excessive smoothing and loss of information
short time scales. In this

of receiver, gain Total Power Receiver

ations in the pre-amplifier

stage; due to changes in

ating  temperature  or

er supply fluctuations can

ct the sensitivity of the
13

FIG.2- 3
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. Dicke Receiver:

Switched or Dicke Receiver

1G.2- 4

In this type, the relatively slow gain variations do not affect the sensitivity of the
‘receivers. Here the receiver’s input is continuously switched between the antenna and
? a comparison noise source at a rate higher than the rate of possible significant gain
changes. This allows continuous calibration of the gain of the receiver assuming that

_: the comparison noise power at the input is constant.

. Graham's Receiver:

_ In the case of a Dicke receiver the signal power is observed only half of the time. Such
observation results in observing time inefficiencies and consequent reduction in the
aftainable sensitivity. The situation is improved in the Graham's receiver. Here there
are two Dicke type receivers, while one receiver is connected to the source, the other
one is connected to the noise reference source. The telescope input is switched
between the two receivers. The outputs from both the receivers are averaged and

. recorded.

Graham's Receiver
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dding type Interferometer:

s case the signals from a
of (interferometry)
are  added, \
stected, and averaged. In
case the maximum
s twice the |
attainable with a |[fF1G.2- 6

Simple Interferometer Receiver

Vout

2 antenna. This type of

duitiplying type Interferometer:
fere the IF voltages from a

eceiver also suffers from gain variations and is less preferred.

of interferometry

™~

Bnnas are multiplied

linstead of being added), then

ed, and averaged. In

™~

FIG.2- 7

s case, the receiver gain
iations affect the sensitivity

lesser extent as the

Iinterferometer with correlation Receiver

Vout

erally large DC due to the uncorrelated noises in the two front-ends is absent.

However, any random phase variations

in the receiver amplifiers can affect the

ity directly. Therefore, phase scintillations in the ionosphere can reduce the

system sensitivity. In this type of receivers

there is no switching invoived between the

enna & the receiver and hence the losses are reduced. This results in reducing the

ceiver's noise temperature and hence has an advantage over the switching type of

ceivers. However such correlation type
sature compared to an adding type.

Ihere are many other improved versions of
dio astronomical observations.

receiver has 2 times less sensitivity by

the receivers that are used in the modern
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dequate in resolution at the long wavelengths.

in the Moon, would look as a fuzzy blur object in the sky
1000 ft Single dish telescope at the metre wave-lengths. -SKY & TELESCOPE

Jle-dish radio telescopes suffer from poor angular resolutions. The angular
on or resolving power is the ability of the telescope to discriminate between
¥ spaced point sources and to map the finer features of the sky. The angular
::'_ ion is inversely proportional to the aperture size expressed in units of the
gth of operation. Generally radio telescopes have much less resolving
ies than the optical telescopes. In the case of radio telescopes their operating
gths are hundreds of thousand times longer than the optical wave-length
gs. This difference dictates that a radio telescope operating in such long wave-

s has to be that many times bigger to get the similar resolution. An optical
e of moderate size can easily yield resolutions better than that of the 0.7 cm

I'llnan eye. But for a radio telescope operating, for example at the 21 cm wave-
_ s, it is a very big task. The telescope will have to be kilometres wide to get the
2 resolution.  Constructing such big telescopes is also not so easy. The biggest
'; e-dish radio-telescope is about 300 metres in diameter (Arecibo).

s century, radio scientists have made use of the interferometry principle for
ove beaming or receiving of radio communication signals. This background
fedge was right in time for the radio astronomers to sophisticate their
ons. Radio interferometers nearly surpassed the capabilities of even the
optical telescopes in terms of their sensitivity and resolving powers.

srometer in its simplest form consists of two antennas spaced many wave-
part. The signals from the two antennas are, after equalising the delays in the
- th, combined using a sensitive radio receiver. The interferometer has
that depends on the collecting areas of the elements while the angular
consists of finely spaced fringes, where the fringe lobe separation depends
stance between the two antennas. This telescope's direction of maximum
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can easily be |p; N
Y pa™ N3N Aeparent gimple Interferometer
d by introducing time | source g Q._\;_ma
X . K 1.0
in the signal path of N T T o N y n .
. T i g .
the antenna with rue Baseline /\ﬂ) \]\ﬁ
to the other. The 5 -cos &
Mecevers and
. i rdi The output from the
ting electromagnetic recording eroreeter as o functon o
. from sources at | Twoantennas separated by L wavelengths, the position of the source.
H connected as a radio interfsra_mat_er and
distance is a receiving plane waves from direction o
k The baseline is sffactively the diameter of an
wave. If the two equivalent single-dish antenna that would have fo be
3 built to obtain the same resolving power FIG.2- 8
$ are separated by

ce L, the signals reach the antennas in general at different times. The two
receive the signal voltages with the corresponding delay. At a given
g frequency the outputs from the two antennas, when combined will interfere
‘eonstructively or destructively depending upon the phase shift corresponding to

ive delay. If the paths differ by an even number of wave-lengths, the waves
step or in phase and combine constructively to yield a peak output. In the
en the phases differ by an odd number of half wave-length, the waves are out
3, and they combine destructlvely, yleldmg no contribution in the output. As the
source crosses the antenna beam(s) of an interferometer this relative path
aitered and the signals arrive in and out of phase repeatedly with smooth
s in-between. |If this interferometry array is receiving dominant signals from
crete radio source, a simple oscillating output will result. This is also known as
\ge pattern.

e normalised amplitude of such a fringe pattern one can estimate the angular
Ihe radio source, and the phase of the fringe consists information about the
__ direction in the sky. The accuracy in the estimation of the source position
s, apart from the signal to noise ratio of the fringe, on the distance between the
" ometer array antennas, and to a lesser extend on dimensions of the individual
In the case when two or more sources of similar intensities are present
_ ! sously in the beam, then the resulting interferometer fringe output will not
very different from the response for a single point source uniess observed over
- ho r-angle range or/and the source separations are large.

20
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sign of radio telescope arrays to map the radio sky exemplifies general physical
athematical principles. One of the most spectacular findings by Fourier is the
tion for many advanced signal processing techniques today. Fourier had
strated that any complex, transient wave-form can be expressed as the sum of
series of simple sinusoidal wave-forms characterised by frequency,
de, and phase. The distribution of radio brightness across the sky can be
d mathematically in a similar manner, as a sum of an infinite series of simple
e-fc s of varying spatial-frequencies. The broader feature of the radio sky can be
ed in terms of components of relatively low spatial-frequencies and the very
arrow features (especially of discrete sources of very small diameter or complex
es) can be reconstructed by incorporating also the information on the high

equency components. A single dish or a filled aperture telescope samples the
spatial

A Distant '
with |\ radio Aperture Synthesis

A large telescope is completely
Such ) synthesised by allowing the various
smaller dishes to be successively
located at every point over the area
’ althoth of the telescope to be synthesised.
8 high surface- The Incoming waves falling on each
. elemental area are added in phase at
. sensmwty, a focal point.
necessary for All measurements are made with

\f\ such movable elemental aperture at
F e | the different positions.

Iing of the /I/ -L’ NH ]\m,mmmby.
\I\ ,

spatial J computer, after introducing suitable
_ - L~ weightage and phasing required for
oy range. It is, L the synthesised antsnna pattern [26].

5re, enough to

the complex

! FIG.2- 9
ion over the

:---mtial frequency span using minimum redundancy possibly with a suitable
japerture.
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sase of sources that do not change significantly over long time scales, another
- is possible. An éperture equivalent to that of a large antenna can be
d by sampling a desired spatial frequency span with a variable spacing
fieter and measuring the source (complex) visibility at each of the chosen
_ ._ ng a suitable correlation receiver. Usually antennas are mounted in trolleys
litrucks to facilitate such movements. Many such interferometer pairs can be
-ﬁnultaneousiy to enable a quicker coverage. If ‘N’ array elements are
: to show that (N-1).N/2 independent interferometer pairs can be realised

3ble arrangements of the elements. In this case, if ‘N’ is large, adequate

ir the spatial frequency domain -
P quency Aperture Synthtesis  Use of the rotation

“obtainable even in a snap-shot of the Earth
' . . Suppose we observe a narth
make meaningful images. polar region using a line of
‘telescopes located at the

major increase in the spatial

coverage is gained if the r} this line to sweep out a half a
circle. The data coliected
over the tweive-hours can be
processed using a computer
to mimic the angular

extends over a large hour

Je as each of the interferometer resolution of a single dish

with the aperture equal to the
tull circle {(shaded area)[25].

mples systematically changing FIG.2- 10

d orientation as seen by the

h changing hour-angle. Such
synthesis is known as the Earth rotation synthesis.




JBO Telescope

d's largest single dish radio telescope is about 300 metres diameter built into a
“in Arecibo, puerto Rico. This is a fixed spherical reflector telescope. The
surface allows the beam to be steered over a large range of angles by
a specially designed feed in the focal plane. This telescope is capable of
g very weak signals with good resolution. This factor makes this telescope one
ost important and powerful radio telescope in the world:

Ho Telescope

world's largest single steerable radio telescope is located in Ootacamund, India. It
reflector, which is a single parabolic cylinder. This telescope is 530m by 30m in
“This telescope is built along a hill slope parallel to the Earth's rotation axis and
an equatorial mount. While the hour angle tracking involves simple
chanica rotation of the reflector in the East-West direction, the steering of the beam

Norlh-South direction is realised using electronic phasing of the feed array along
ength of the array.

the world's most powerful radio telescopes are the interferometer types. Some of
are listed below.

BRIDGE Radio Telescope

&m telescope at Cambridge consists of 13 metre diameter dishes. Four of which
@ moved to different positions along a 1.2 Km long rail track.

ge Array
interferometer facility is in the deserts of New Mexico, where 27 radio
8s of 25 metres diameter are connected together to simulate a bigger
ope of about 40 Km in diameter achieving a resolution of about 0.1 arc seconds.
radic telescopes are arranged in a Y-shaped array. This telescope can map
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d to obtain superior images from this telescope [7, 8].

the Multi-Element Radio Linked Interferometer Network in Great Britain has
s up to 127 Km. This telescope has relatively smaller no. of antennas than the
Dpe, but has better angular resolution compared to VLA in some frequency

the extra-galactic radio sources are of fraction of an arc second in diameter.
ve and study such sources, radio astronomers have coordinated observations
> telescopes in Europe, the United States, Canada, and Australia into a
de radio interferometer network, when the information from various baselines
_, the angular resolution is equivalent to that of a radio telescope of nearly
s (Earth's diameter) in diameter. This technique is called the VLBI (Very
eline Interferometry).

8 are two principal VLBI arrays lin the world. The Very Long Base Line
ray of USA consists of ten identical radio telescopes, from Peurto Rico to
s will span nearly quarter of the Earth's circumference. This interferometer
he resolving power capable of reading a news paper 960 kilo-metres away,
1000 times better than any ground-based optical telescope. The
VI.B Network (EVN) consists of a co-operative arrangement of radio
S i\ the UK, Netherlands, Germany, italy, Poland, Russia, Ukraine, China
The EVN and the VLBA cooperate to form a world-wide net. The Australia
| T) also cooperates with the other VLB/ arrays of the world [9].

de distribution of the VLLB/ array elements, the separate telescopes cannot
ed directly, and hence the data are simultaneously recorded along
ing information at each independent stations and are subsequently
ether and correlated.

vof the sky with angular resolutions of sub arc seconds. New techniques are

24
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> interferometer telescope proposed by a group of Soviet Scientists could
the distance of objects out to the full radius of the universe (15 billion light-

Three units would be deployed in space, two near the orbit of Saturn and one
e Earth [9].

Telescope (AT)

ir set-up in Australia is a continent spanning radio array similar to the VLBA of
his consists of a 6 Km long compact array containing rail mounted 22 metre

__ 6 antennas, and a long baseline array including many other telescopes in the
it [10].

re-wave Radio Telescope (GMRT)

When completed, the GMRT, being constructed near Pune,
India, would become the World's largest meter-wavelength

Earth's rotation synthesis radio interferometry telescope.
Consists of

45m dia. This radio telescope consists of 30 radio telescopes, each
< 30 dishes,

operating in being 45 meter diameter, arranged in a Y-shape array [4,7,
6 centre 11]. Some important details about this radio telescope are
frequencies .

presented in the next chapter.

MRT

25
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Giant Metrewave Radio Telescope coming up in India is a front-line
facility for astronomy and astrophysics. GMRT will be a very powerful tool in
of phenomena ranging from stellar systems to universe as a whole.

2 it is located

llﬂable place for such a big telesoope is an important task. The radio
oming from the astronomical sources are thousands and millions ftimes
cally in the order of 10 Watts per sq. meter per unit bandwidth) than from
the terrestrial radio and TV transmissions. Radio
Telescopes employ extremely sensitive
equipment designed to detect the weak celestial
signals with remarkable accuracy. Man made radio
interference is every where. This problem is
rapidly becoming very critical because of the fact
that transmitters are becoming numerous and
more powerful while the radio telescopes are
mre sensitive. Although the International frequency allocation measures
Mct;on for the radio observatories, any radio interference from a poorly
y faulty equipment such as transmitters, Earth satellites, automobile ignition

Location
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tems and so on can easily drown the weak astronomical signals. Hence it has now
come almost necessary to locate the radio telescopes as far from the industrialised
ea as possible in order to fisten to the signals from the sky. Additional important
isiderations relate to the accessible area of sky from a given location in the Earth
; d the properties of ionosphere that depend on the geomagnetic latitude of the place.

f or a careful study of the Indian terrain with all these considerations, GMRT is located
E-‘l suitable site, near the village Khodad, about 80 Km north of Pune and 150 Km east
f Mumbai. Low-lying hills and the western ghats protect the telescope site from the
' strialised cities. This place is about 1000 metres above the- mean sea level and 10
Jegree away from the Earth's magnetic equator. The wide southern sky coverage that
possible from this location makes GMRT very useful for the astronomical
sbservations.

N

GMRT consists of 30 fully steerable 45-metre-diameter parabolic dishes that use a

ovel design. Twelve of these dishes are placed in a compact central array within 1 sq.
. . area. The remaining 18 dishes are placed along the three arms of a Y-shape
_' figuration with each arm extending to about 14 Kms from the array centre.

_' e GMRAT is designed to operate in six separate
re quency bands between 50 and 1420 MHz,
)entred at

50, 150, 233, 327, 611, and 1420 MHz.

All these are internationally allocated special radio
_f stronomy bands.

: e reflecting surface of the GMRT dish consists

of a wire mesh made of a 0.55 mm stainless steel
FIG. 3-2

ire. The mesh is required to be finer than about

entieth of the shortest wavelength of operation to prevent transmission through the

28
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. The wind loading is also reduced in such non-solid structures. The cost of
cation also comes down. A novel SMART concept (Stretched Mesh Attached to
Trusses) is employed to achieve the curved surfaces of the dish. Many innovative
Aniques are employed in the design of the GMRT dishes. Each of these dishes
ghe about 90 tonnes, and the counter weight is additional 40 tonnes. Seventeen-bit
ders are used to obtain a positioning accuracy of about 1 arc minute. The GMRT
s are designed to operate up to a wind speed of about 40 Kmph and are capable
sthstanding the wind velocities of 133 Kmph.

equency and dual-polarisation operation are possible with the GMRT dishes.
.- eds and the low noise RF amplifiers are placed on a rotatable turret at the prime
is of the antenna. A dual-band capability is provided by placing 233 MHz and 611
'. feeds in the same face of the turret. Similar provision is available for the 50 and
MHz bands. The desired feed will be rotated to lie at the focus by computer
- Optical fibre links are used to distribute the coherent local oscillator signals to
ceivers at each of the antennas and then to bring the /F signals to the central
atory.

with all the 30 antennas will give

Sile ling area “of about 30,000 sq. GMRT

This is comparable to the ch'v m”’m) SV“m'“
five area of the Arecibo 1000 ft " 00 (Arcaac)
> telescope and three times that of hoi 30 b
Very Large Array (VLA) in USA, s o .
primarily operates as the Earth- 1420 03 2
lon Synthesis Radio Telescope. FIG. 3.3 Ref. [11]

9 completed, GMRT would become the World's largest meter-wavelength Earth's
. synthesis radio interferometry telescope. The thirty 45m diameter dishes are
ged in an array forming Y-shape. Each arm of this array is about 14 Km long with
ines extending up to 25 Kms. The 30 antennas form 435 (30 x 29/2)
ometer pairs. GMRT antennas are carefully positioned in the array to get the
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d sampling of spatial fréquencies. The spacing between the nearest antenna is
100 metres and the farthest is about 25 Km long. But a celestial object being
ed sees these 435 combinations of these physical distances as a continuously

ying projected baselines with changing orientations, while the source moves from
_ =ast to the West. This effect provides finer coverage in the spatial frequency
in even with physically fixed pairs. The electronics and the computation involved
ocessing this interferometry pair outputs become highly sophisticated and
erc sly complex. For most applications the outputs from each pair of tha_antennas
integrated and recorded every 10 seconds. Each interferometer measures one
Jrier component of the brightness distribution of the radio sky. In the GMRT set-up,
::: would be about 2 million Fourier components to be measured and processed in
12 observing hours. Highly sophisticated Instrumentation with very powerful
: ting back-ends is used for this purpose.

is being constructed in India with many outstanding scientific objectives in mind.
iy radio telescopes in the world could not attempt certain important problems in the
wavelength radio astronomy. It is becoming increasingly difficult to work at meter
'j slengths in most parts of the world, because of increased radio interference 'at
wavelengths. Currently a meter wavelength telescope site in India is a best
tic . We have much less radio interference as compared to most other countries.
Yether difficulty is related to the relatively higher cost involved in the construction of
large antennas that are required at these wavelengths. In addition, the adverse
fects due to the ionosphere disturbances increase at these wavelengths. However all
e problems are tackled in the GMRT design by adopting or developing suitable

iques.

" S 'high sensitivity and good angular resolutions of the GMRT telescope will aid in
ves ligating a range of interesting astrophysical phenomena. The geographical
cation of the telescope will help in looking at also the relatively unexplored regions of

b . sky-
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system can be well explored with GMART. Exciting new results are expected in
ies of ionosphere and magnetospheres of our Earth. These studies can be
out by looking at the refraction and scintillation of radio waves coming from
_j radio sources. High resolution maps of the solar active regions of the sun may
interesting results and reveal completely new features.

eutral Hydrogen line emission and shift in their observed frequency due to their
can be well mapped with GMRT. It will be possible to understand the comp'lex
processes that make some radio stars to emit intense radiation hundreds of
ger than those from the sun.

study is another important area of research planned with the GMRT. Many
g problems in this field are yet to see a convincing answer. Pulsars, the most
clocks known, found in a binary system with an eccentric orbit will be the best
for testing the gravitational theories. It is possible to do the accurate timing
kes of these pulsars with GMRT. Also it is possible to detect many new pulsars with
BT due to its good sensitivity and sky coverage. Pulsar studies with GMAT in the
d array mode can help in carrying out high sensitivity studies of the known
s and probe many important properties of the interstellar medium as a whole.

are only few examples of the wide ranging scientific programs planned for the
Metrewavelength Radio Telescope. For this work a powerful back-end
entation will have to support the telescope hand-in-hand. There is a brief
ation about the instrumentation used for the Giant Metrewavelength Radio
e in the next section [4, 11].
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telescopes have independent feeds at each of the six frequency bands, where
» feed caters to the two (linear) orthogonal polarisation states. Thus at a given
band two outputs corresponding to two polarisations is available. This 2
s are fed to the Quadrature Hybrids.

GMRT Receiver System

L Optical Fibre Link

Signals
from
other

4 Dishes
L 3-4

idrat re Hybrid (Polariser):

stage, the two linearly polarised inputs are converted into Right circuiarly
ed and Left circularly polarised signals. The outputs from this stage is given to
ow noise amplifiers.

2.13, 14, 15, 16, 17]
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Noise Amplifiers:

output signals from the Polariser are first amplified using the low noise amplifiers
| Usually noise performance of this stage determines to a large extent the
3r's Noise Temperature. Outputs from the LNAs pass through a Switching stage.

this stage the electronics are separate for each of the six separate operating

itch selects one of the six operating bands and passes the signal down to the
ages. The next stage is the First Mixing stage.

is stage the electronics are common to all the operating bands.

Mixer stage:

cal Oscillator is a synthesiser that genérates frequencies from 100 MHz to 1700
with a step size of 5 MHz. This synthesiser is phase-locked with a ‘global’ 200
arence signal. This reference is generated at the central electronics laboratory
end to all the 30 antennas through the Optical Fibre cables. A Mixer down
fts the selected operating band to an Intermediate Frequency band centred at 70
with an appropriate of choice of LO frequency.

outputs from this stage are fed to a Second Mixer stage after buffering.

Mixer stage:

ds corresponding to the two circular polarisations enter this stage. These
are centred at 70 MHz frequency and it is required to transmit both the bands to
al electronics lab in the same optical cable. Hence they are translated
z and 130 MHz bands. The Local Oscillator frequencies used are 105 MHz
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.‘ .
c 200 MHz respectively. This Local oscillator is aiso phase-locked to the central
rence signal. The signals now enter the Optical Fibre system.

cal Fibre System:

zal fibre cables are used to carry all the signals between the antenna base and the
electronics room. They carry the local-oscillator-reference signal, control, and
itor signals from the central electronics lab to the antennas and bring the IF signals,
_‘__ ol and status monitor signals from the antennas to the central electronics lab.
of the 30 antennas get an independent fiber cable connection from the central
';,_ Fibre cables aid in reducing the signal degradation. Laser diode is used as optical
s itter and avalanche photo diode is used as optical receiver in the optical fibre

: Onoe the fibre cables coming from the antennas reach the central lab, the signals
the Third Mixer stage.

d Mixer stage:

» stage converts the signal bands centred at 175 MHz and 130 MHz, back to signal
ds both centred at 70 MHz. IF processing is also done before these bands are

werted to the Base Band signals. Signals now enter the Single Side-band (SSB).

B Receiver stage:

e Local Oscillator is from a frequency synthesiser that generates frequencies from
10 90 MHz with a step size of 100 Hz. It translates the two side-bands around 70
(70 MHz +16 MHz) into two channels, each having 0 to 16 MHz band. The

pals are passed through Automatic Level Controller (ALC) circuit and are then sent
e digital back-end systems.

34




nt Metrewave Radio Telescope

ase-band analog signals with 16 MHz band width are dlgltlsed The samp!mg is
32 MHz rate. The digitised data is 4 bits wide. Then the data are send to the
action system.

I

orrection System:

-wmaction system stores the digitised numbers in a memory. A computer
ed readout system is used to appropriately delay the data before it is send to

1 stage. The delay stage is required to correct the signal propagation delays

signals received from the antennas. The delays depend on the source

on, and the location of the antennas with respect to the central lab. The delay
steps possible here are in integral multiples of the sampling interval.

al part of the delay can be corrected for in the next (Fast-Fourier-Transform)
18 19].

¥
1 3h

it-Fourier-Transform System: ‘

*'ﬂnge is equivalent of a 256 Channel Filter Bank. It uses sets of successive 512
_' samples and for each set performs a Fast-Fourier-Transform to produce a time
Dlexed sequence of 256 spectral voltages. Fractional sampling period delay

“fions are performed at this stage, by applying a suitable phase gradient
rection to the complex spectra.

e signals from this stage go to the digital Correlator. Spectral outputs are also

ped at this stage (FFT outputs) by the GMRT Array Combiner to produce the snngle
outputs [20].

rrelator System:

8, the signals from all the 30 antennas and up to 256 channels over a 32 MHz

dwidth are cross correlated and integrated giving 2,38,080 product terms. Then the
roducts are averaged and recorded in the computers. This correlator data will be
sed for obtaining high resolution images of the radio sky [20, 21, 4].
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: The GMRT Array Combiner System:

'i-_SignaIs from all the 30 antennas and up to 256 spectral channel signals from two
:bands of 16 MHz each are combined at the full speed to produce two simultaneous
single beam outputs. One is the Incoherent Array output and the other is the Phased
ay output. The pass-band ripples and other gain variations are corrected in this
tage before the signals are combined [5, 6, 22].

- 1e development details about this instrumentation are presented in the thesis (Next

;- apter).
[ astruments that will use outputs from the GMRT Array Combiner:

3 outputs from the GMRT Array Combiner will be send to the following systems for
arther processing and recording.

1 The Pulsar Search pre-processor:

: is system can take in either the incoherent array outputs or the phased array outputs.
This on-line hardware is a part of the scheme mainly aimed at detecting new Pulsars
asing the GMRT Telescopes [22].

The Pulsar Polarimeter system:

This system takes the phased array output from the GMRT Array Combiner and
; ocesses it in a variety of ways. The Pulsar Polarimeter will enable high time
tesolution and high sensitivity studies of known pulsars with full polarisation
formation. '
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Coherent Dedispersion System:

his system also takes in the phased array output, and processes it. The Coherent
Jedispersion System is mainly meant for doing very high time-resolution studies of the
:' ulsar radiation using the GMRT telescopes [23].

Very Large Base Line Interferometry (VLBI):

or this purpose the single beam outputs from the GMRT Array Combiner is directly
e corded using the very high speed Data Acquisition Systems (DAS). The collected
data will be correlated with data collected simultaneously from the other VLBI
slescopes in the world.

part from this, any future instrument that requires a single beam output from the
iIMRT telescopes can be connected to this system. Details about the GMRT Array
Combiner system development and the design details are described in the next
_' apter.
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>hapter 4

1e Array Combiner

strumentation Development for o
orporating Single-Beam Modes in GMRT

:1 Introduction

is instrumentation work is aimed at developing a hardware to facilitate the singie
mode observations for the Giant Metrewave Radio Telescope (GMRT). Some of
e astronomical observations planned with GMRT can be efficiently carried out only if
single beam modes are available. Two of the possible single beam modes are
insidered here. One of which is the Incoherent Array (IA) mode output and the other
1e is the Phased Array (PA) mode output.

2 PA output is formed by coherently combining the voltage signals from the array

Useful for: Pulsar,Occuliation
Recombination line studies

( PhasedAnay}
: Output ,

E : m . . : . !
............ Zy sum power values  Useful for: untargetted Search,
centre . +  and Surveys

[ Incoherent Array
Output J
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ments. This is useful for observations of small sky area that require a very high
sitivity. The incoherent array output is formed by combining the detected power
puts from the array elements. This combined output yields a broader sky coverage
it the expense of reduced sensitivity. However it is very useful for the survey kind of
Joservations. Both are required simultaneously to facilitate more than one kind of
" servations at the same time.

e observations that will use the PA and IA single beam mode outputs are:
- Pulsar search and general study observations

Pulsar polarimetry study observations

Pulsar profile microstructure study observations

Recombination line observations

Occultation study observations

VLBI observations, etc.
of these observations use only the PA outputs and the others use both outputs.

f'ch GMRT dish provides outputs corresponding to the two orthogonal polarisations.
After the front-end RF processing at the antenna base, the signal is brought to the
otely located receiver room. Optical fibre cables are used for the IF signal
tran smission. They connect the signals at antenna base to the receiver room typically a
kilometres away. In the receiver room a single side band (SSB) receiver splits the
_' coming 32 MHz IF band into two side bands of 16 MHz each. There will be 120 such
16 MHz bands available from the GMRT array corresponding to 30 antennas, 2
polarisations and 2 side bands.

N R

Fibre llnké

BF electronics

30“1
Dish

- The 16 MHz bands are digitised and the signal propagation delays between antennas
¢ are electronically corrected (The nearest antenna is few hundred meters away, and the
- farthest is about 14 kilometres away). A series of Fast Fourier Transform (FFT)
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'_ odules produce complex spectra of 256 frequency channels for each of the 120
gnals. The FFT output spectral channels are time muitiplexed and are available
squentially. Each spectral channel outputs corresponding to one of the polarisation is
: me multiplexed with that from the other polarisation. Therefore the apparent output
ate is doubled to 32 MHz. The multiplexing operation reduces the cabling complexity
by a factor of two.

pol 2

. FIG.4-3

the output data change at the 32 MHz rate on 60 channels carrying 120 complex
ctra. Each of these spectra consists of 256 spectral channel voltages represented
sing the complex numbers of the following format.

a2°+jb2”° '

Here, ‘a’ and b’ are 4-bit wide numbers in a sign-magnitude format. The common
exponent, to the base 2, is given in ‘c’. This is a 4-bit implied negative number. In total
"', ‘D', and ‘¢’ together are a 12-bit wide data represented in a 4,4,4 format.

s 12-bit data can be tapped at this stage and suitably combined to produce the two
gle beam modes.

e IA outputs can be formed by adding all o
: n/xodulus squares (power terms) of the | |A = E( aiz + bi2 ) 2'2':"
plex numbers as shown here. t=1 FIG.4-4
' The PA outputs can be formed by adding all % i,
ﬁe complex numbers (voltage terms) as PA = Xa. 25+ {z‘bi o i
'shown here. = =1 FIG.4-5

a1




e design considerations mainly arise from the observational requirements and the
ture of signals.

V\.!henever a source is being observed in the PA mode, it will be possible to do
L either a survey or an un-targeted search around the same area using the IA mode

- outputs. Hence if the two beam modes are available simUltaneously,

: | the telescope
. time can be used in an efficient way during such concurrent.observati

ons.

It is possible that not all the dishes will be used for observation at a given time.
Some times one or more dish may not be operational due to maintenance or repair
related works. ltis also possible that not all the dishes may be required for a given
type of observation. The outer array may not be included for some observations,
when there is increased ionospheric scintillation. In such cases, for example the
Phased Array mode observations may use only the central array dishes. Given
such possibilities it is required to have a Qrovision to control the inclusion of the of
the dish signals while producing the single beam outputs.

It is also required to equalise the amplitude gains of different dishes, before
combining their signals, to ensure optimum output.

Variations in the input power across the band can cause the combiner to operate
either in saturated (too-small steps) scale or in coarse (too big) steps for the
channels with widely different input powers. Such quantisation errors invariably

lead to signal to noise degradation. Hence it is required to equalise the gain

difference across the pass band.

The signals from the upper side band and the lower side band arrive separately and
~ are available in parallel. Hence, they can be processed independently.

The two polarisation channels arrive time multipiexed. The combined signal output
| corresponding to these polarisation channels are to be produced separately.
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It should be possible to facilitate dual frequency observations, by producing the sub
- array group outputs.

It should be possible to 6ontrol the final output data format and width.

: A diagnostic aids should be incorporated, to enable testing of the combiner or any
other hardware that would use the single-beam outputs.

A computer-based flexible control and configuration facility is to be incorporated.

he facilities that are required can be summarised as

. Simultaneous IA and PA outputs

. Masking and weightage facility for every dish inputs

. Masking and weightage facility for all the frequency channels
| Separate outputs for the side-boards

- Separate outputs for the polarisation channels

. Sub-group combiner facility

 Output format control

v Diagnostic facility

. Computer based control

__ > above considerations would imply a complex system with a relatively simple
dular design. But the major engineering challenge arise from the data rate and the
mber of inputs to the system. This design challenge can be visualised from the fact
: it there are 1.92 X 10° complex data to be handied every second. These signals
e through 1440 input connections (12x2x60). To produce the two single beam

jode outputs there will be about 17.28 X 10° multiplications and 8.488 X 10° additions
) be performed every second.

Suitable Hardware




potential options to realise the above in electronic circuitry can be broadly
ed as based on

“Processor based hardware

. Discrete ICs

Erasable Programmable Logic Devices (EPLDs)
“Memory based lookup tables

iere is a remarkable growth in the capabilities of all these technologies in the past few

_' S. An analysis of these options and the conclusions we arrived at are presented

a Processor based design offers very good flexibility and can solve many
mplex design requirements. If the design requirements are carefully implemented
» most of the future requirements also can be accommodated by suitable software
ges.  Although more powerful and fast processors are available today, further
sis revealed that, to meet the desired processing capabilities, many processors
have to be used in a processing network. The design complexities and the

ivity that may be required, in such a case, will be too complex

and very
pensive. |

crete ICs are the conventional choice for most of the designs. High speed discrete
are easily available at relatively less cost. For implementing big designs, large
umber of ICs will be required, resulting in a complex design with large amount of
' ivity and big-size circuit boards. Some times the cost that may be saved in the
will have to be used up in making the circuit layout and in manufacturing such big
pouit boards. However, the availability of the miniature surface mount devices (SMDs)
; kkes the compact designs possible. The short lead lengths of the SMDs are the
_' ful features for the high speed design. For some specific sections in the design, use
such components will be inevitable. One inherent limitation with the discrete IC
__'- sed design is that, it may not easily accommodate the future requirements.
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: The EPLDs are the state-of-the-art technology devices. They essentially work as
programmable circuit chips. Computer-aided circuit development tools facilitate easy
_‘:circuit design and verifications. The circuit operations can be simulated in the
'Hevelopment system, and hence its operations can be verified before the chip is
'Wally used in the circuit board. Future design changes can be easily incorporated,
Ivy erasing the old circuit (like erasing an EPROM or EEPROM), and by programming a
}new circuit. The other big advantage is 'that, it can easily incorporate many TTL
quivalent circuits (typically 20 to 30 times for the EPM 5128 chip). Much higher
Lpacity devices are also available in the market now. But the speed at which these
dovices can work purely depends on the circuit complexity and some times the
2source utilisation factor. As the circuit complexity increases the maximum operating
'_: peed generally comes down. However, this limitation may be overcome if much higher
peed versions of the EPLDs are available. A careful analysis is therefore required to
find the suitability of EPLDs for this particular design. Other important factors to be
sidered are the power consumption and bus driving capabilities. EPLDs decipate a
ot of power in a relatively smaller area, hence sufficient cooling is required. The EPLDs
have relatively less signal driving capabilities and I/O pins (e.g. 5000 series) suffer from
3 latch-up problems, hence all the YO s‘ignals have to be buffered for proper
ioning of the EPLD. In 1993, the cost of these devices was still higher than that
for the equivalent discrete chips. However, the EPLD prices were expected to come
‘down in the future. When compared with the reduction in the board size, flexibilities in
des ign efforts, future advantages, and the reprogrammability, the higher cost of the
ip may not be such a big disadvantage.

‘A Memory device (like RAM, PROM, EPROM, etc.) based solutions suit to many
ecific type of problems. Usually complex combinatorial circuits can be easily
nplemented using the memory devices. This scheme is referred here as the lookup
-- ble technique. Any kind of direct computations can also be performed using such
ables. One of the important advantages with this technique is, its predictable speed of
;operation. As any location in the memory can be accessed with the unit access time,
data size or the amount of computation involved can not affect the ‘processing’
time (input to output). Although, lookup tables can be used to solve variety of design
problems, the availability of a high speed and suitable size component limits such

gty
. " i
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' utilisation. But in the recent-times, a number of combinations of speed and density
. memory devices are becoming available in the market. Although the cost of the high
speed memories is generally higher, it is expected to come down soon. As the memory
- devices are programmable, any future design changes are easily accommodated. It will
' be very useful to consider the lookup tables for all the suitable sections in the design.
‘Ina given design, if the parameters are going to be changed quite often, only then a
' RAM based option is preferable, otherwise it is more appropriate to use a PROM or
: EPROM based implementation. it should be remembered that the RAM based tables
. however need additional circuits to load the contents.

. The single beam mode operation can be divided into two stages. The first stage is the

-:' input conversion stage, and the second is the summing stage.

- For the IA mode
- Input Conversion stage: The modulus squares (power terms) of the incoming complex

' numbers (voltage terms) are obtained. _
Summing Stage: The power terms obtained in the previous stage are added together.

For the PA mode
1 input Conversion stage: The mantissa - exponent format complex numbers
(voltages) are converted to a fixed length real format.
f_ Summing stage: The real format complex voltages obtained in the previous stage are

| added together.

The various possible designs for these computations are carefully analysed to find the

suitable implementation scheme.
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Calculation of the Modulus Squares

The logical blocks involved in the | incoherentArray outout
computation of this are shown here. I3 a’
a
In this scheme we would need 4 X ¥ atep?
multipliers, 1 power computation unit b? 4 ]' 2 2. 2C
and 1 adding unit. It is clear that, j
even if one is able to meet the high 2 X 2c y 2°
- speed requirements, this scheme ¢ — X .
) 2 Phased Array output computations
would require too many hardware can be shown similarly
components for the implementation. FIG.4-7

~ As an attractive alternative, the Input Conversion stage can be easily implemented
using suitable lookup tables. The steps involved for this are as shown below:

In the present design, Erasable and Programmable Read Only Memories (PROMs) are
used as the lookup tables. The picture shown next illustrates this implementation. The
sizes of the PROMs specified in the diagram are the minimum sizes required.

This diagram shows the first stage implementation for both IA and PA modes. In the IA

pmpute : 0 1sing lhe PR DOKUD table

Pra-compute the values of (&*+b° ) 2°C for all possible values of a, b, c.
Arrange these values in the te locations of an array (here it is a 3-dimensional array) in

such a way that (a°+b° ) 2°C is obtained when a,b,c values used as index.
*  Whenever a new value of a,b,c occur, get the contents of the array at location (a,b,c).

Memory chips (PROMSs) can be used as an Electronic Array.
. Memory chips address lines can be used as the a Index.
When a,b,c are given as address, pre-stored values of (a’+b° ) 2°° appear at the output

FIG.4-8

mode, for computing the power values the sign bits of the real and imaginary parts are
ignored. Hence, a 1024 location PROM addressed by a, b, ¢ (3, 3, 4-bits) is sufficient.
For converting the real part, a 256 location PROM addressed by a, ¢ (4, 4-bits) is
sufficient. Similarly, another 256 location PROM addressed by b, ¢ (4, 4-bits) caters for
the imaginary part. The width of these PROMs decides quantisation noise contribution
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of this stage. The PROMs can be
LOOKUP TABLES are used to

i replaced by any other memory reduce the on-line computation
element (EPROMs, RAMs, etc.,) as abc | PROM
. . b __»l?'t:li\ltror2 ae
long as the organisation and the 1024 (a"+b") 2"
) locations
speeds are matched. It can also be : :. i by n bits
a single memory element addressed e P .
4,4
by a, b, ¢ (4, 4, 4-bits) and wide TROM L, Real part
3 a.
- enough to give power, real, by n bits

imaginary part outputs in the data- PROM R 'L“ﬂggﬂﬂfv part
out lines. by n bits . ’

FIG.4-9

§Ll

This technique of using such look-up tables simplifies the hardware implementation
particularly for complex arithmetic operations and hence is most suited for both 1A and

PA mode input conversion stages.

The output real, imaginary numbers and the power values thus produced
corresponding to all the 30 dishes are added here. This stage can be realised by many
different techniques, but the speed of operation limits the options. A processor based
scheme is not practical. Multi-input adders are not available to realise the simple
addition of the 30 inputs. Hence, it is required to design a suitable adding network
which can handle the required data rate and the given number of inputs. Various
choices are explored. A comparison between the 2 most suited schemes are given

here.




|+ Predictable speed of tlon. As any Speed of ophon varies for different bit

location can be accessed with unit access size adders,
time, input data size need not effect the
‘processing’ time. « If implemented inside EPLD design,

. component count reduces.

Usage depends upon the availability of the
high speed and high density Memory . High speed components are available
chips.

+ Cost of the component is less
Costs are relatively high.

+ Needs large boards, if implemented in
Memory chips used are programmable, discrete chips.
hence the entire design can be re- .
configured by programming the memory . Hardware will be frozen for only one kind
devices again. of operation, if discrete chips are used

| At this juncture, it is important to
- evolve a scheme which can

easily meet the 32 MHz data rate
- with reduced hardware
complexity. As 2 input adders

‘are readily available, it is

possible to cascade them to

produce a multi-input adding I d
i An illustration for 4-input,
network. The binary tree 45t i vt FIG. 4 - 10

- addition can be adopted for this
purpose. The advantage of such a binary network is that the addition of ‘n’ inputs
~{where n=2"; ‘m’ is an integer) can be completed in logz(n) levels of addition and a
- total of (n-1) adder modules. Thus the 30 inputs can be added in five levels.

“There are two constraints with such a scheme. Although it can cater to many number
of inputs, each level of addition introduces delay in processing and hence after the ‘m’
levels of addition, there will be at least ‘m’ times the single adder delay introduced.
Such a delay in an asynchronous scheme will cause limitations in the speed at which
the binary network can operate. As a general consideration, one should note that
when the inputs are added at each stage the data size grows. Hence it will be required
to use progressively bigger sized adders in the network. But the standard adders are
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available only for catering to 4-bit wide data. The schemes described in the following

section addresses these aspects.

Pipe-line Adder |
It is possible to achieve very high processing rates using the pipe-line or stream-line
techniques. In cases where the processing can be split into partial processing stages
and if the computed results are not required to be fed back during the following clocks,
it is possible to adopt pipe-line processing to increase the rate of processing. In this
scheme, if part of addition is completed at the required data ra'te' the rest are performed
."' - by using the additional processing stages. The first stage adder is released after a
clock for accepting a new set of data. The illustration shown here explains how a 4-bit
4-input pipeline adder works. At each stage, part of the addition is completed, the
partial sum is stored and forwarded to the next stage for further processing. At the
same time, a new set of data enters the inputs for fresh processing.

PiPE-LINE ADDER
s 1
xi__ g
R| .
=
S
T
Data X2 » O
from FE'
| -stage
PROMS. ]
4-bits _
sach s
T
X3 o
R
—q 5|
S
T
Xa o
R
H E
aoef [[1, [
e
FIG. 4- 11
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In this illustration (fig.4-11) x1, x2, x3, x4, each 4-bit wide input data, are added
together using the pipe-line binary summing network. Here, the input data rate is
always equal to the pipe-iine processing rate. In the first stage of pipe-line, x1+x2,
| x3+x4 additions are performed and the results are stored. After the first clock the
. second stage takes in these values and produces the final sum. While the second
. stage is performing this addition, new set of data arrives at the first stage. The final
; stage output (x1+x2+x3+x4) appears after the second clock. In case, if the 5-bit adder
:_ used in this network is not available as a standard unit, it can be constructed with two
 adders working in an extended pipeline as described in the next-figure.

" Five Bit Adder Stage

The 5-bit adder implementation is shown here. In this network, the portion of the
. addition which is not completed in the first part of pipe-line is carried out in the second
part of the pipe-line. This kind of postponed-carry addition is essential to meet the
: processing speed. Otherwise the carry propagation of the first pipeline adder will cause
-~ additional delay and will result in slow processing. This delay is avoided by introducing
the second step in the pipe-line. Using this method much bigger adders to cater for the
30 input addition can be easily constructed. '

SumMm

(6 bits)

BIT A STA FIG. 4-12
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A discrete integratedlrcwt based pipe-line er was cotructed ad tested to
assess practical implementation. The test results yielded useful information about the
practical limitations in the pipe-line operations. The clock and the data relations are
understood more clearly. The diagram shown here, depicts this experiment.

Test Pattem Pipe-line logic

FIG. 4-13 ' Pipe-iine delay

This circuit has a built-in pattern generator and an adding element. The test pattern at
the required speed is generated using a suitable clock. The sum outputs produced by
the circuit are verified using a logic analyser system. The timing relations at the

different stages are carefully analysed.

The suitability of the EPLD based design is also analysed. The circuit required for 4
input, 4-bit wide data addition pipe-line network is implemented inside an EPLD chip.

The diagram below shows the details:

Result ‘R’ verified for various
combinations of
A, B, C, and D inputs
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Although there is huge reduction in the board-space, the circuit operating speed is
directly related to the complexity of the stages inside. It is found out by using
EPM5128-1 chip, the maximum speed of operation achieved is about 17.6 MHz for this
circuit. It is a trade-off between the speed of operation and the design complexity

inside the chip.

The conclusion arrived from this experiment was that, in the prototype design an EPLD
based summing network would be used, as the operating speed of 16 MHz was
adequate for the prototype planned. The choice for the final design will be made based
on its performance and considering the new fast component availability in the market.

. Following these preliminary tests, verification of some of the crucial design idea using a
~ pilot model was undertaken. The details are described in the next section.
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The reduced version of the final system is referred here as 4-dish array combiner. The

specifications of the system are given below:

Combines 4 dish inputs.

(2-polarisations and 2-side-bands per input)
Facility to mask or include any given dish.
Four-bit quantisation in power, real, & imaginary.
Facility to accommodate 4 input-signal ranges.
Built-in diagnostic aids.

The inputs to the combiner are the polarisation multiplexed ECL differential level data
from the FFT hardware coming at the rate of 32 MHz. Prior to the demuiltiplexer/
diagnostic stage the data enters the ECL-TTL converters, where the ECL differential
signals are converted to the TTL levels. Then the signal enters a latch-cum-counter
stage. During the normal operation, the signals are latched and forwarded to the next
stage. During the diagnostic operation, FFT signals are ignored and the counters are
activated. The counters produce a ramp pattern. There are separate 4-bit counters
for a, b, ¢ inputs. The counters can be operated either in Up or Down count mode. The
selection of the latch or the counter mode of operation is governed by the control
computer. The signal corresponding to a selected mode enters the demultiplexer

—
4 Dish ——wep -
signals __,, —

coming
from B
FFT = -
——’
Four-dish Array Combiner (proto type) FIG.4-15

stage. At this stage the 2 polarisation channels are separated and synchronised. In
the case of diagnostic mode the even and odd (up count mode) patterns (ramp steps
0,2, 4,... and 1, 3, 5,... respectively) will get separated. The demultiplexing operation
. reduces the data rate from 32 MHz to 16 MHz. There by the processing speed
? requirements are reduced and the prototype development is simplified. The
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l demultiplexed data is sent to two identical array combiner boards. They process the
polarisation-1, polarisation-2 data separately.

Each board of the combiner hardware accepts 4 inputs from the demuitiplexer and
produces the |A and PA mode outputs. The first stage of the array combiner is the
input converter. These are PROMs, that converts the 12-bit complex number into

power, real, and imaginary terms (4, 4, 4-bit wide numbers). There are four set of such
PROMSs, one corresponding to each dish.

Array Combiner - version 1 (4-Dish prototype)

incoherent Array

Output (powen)

k J

Phased
Array

Output
vottage)

FIG.4- 16

The power value produced are positive numbers, whereas the real, imaginary numbers
can be either positive or negative. If they are only positive numbers even for real and
imaginary parts the summing network's complexity can be reduced and the three of
- them can be identical. For this purpose an offset scaling is introduced. The offset
'- scaling in the Real, Imaginary input conversion stage of the PA shifts the output to
| change in a positive range. After the offset scaling, they change from O to (2 x positive
maximum). Now the output magnitude '0', (positive maximum +1), (2 x positive
| maximum) corresponds to input negative maximum, ‘0’, positive maximum respectively.

' Thus in the summing network, there are three identical networks performing power,
'~ real, & imaginary summation. Each of the network is implemented inside one EPLD
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5 chip (EPM 5128JC-1). All these three EPLD circuits are made identical to simplify the
design and testing complexities. These networks combine all the four dish data for one
polarisation. The offsets introduced in the input conversion stage will be removed at
~ the last stage of the real, imaginary summing networks. With the knowledge of
~ number of inputs that were present, a corresponding offset value will be supplied to the
offset subtractor. The offset subtractor result can be now either positive or negative
: depending upon the input values. The power summing network also has an offset
subtractor to maintain similar pipeline. However it is loaded with a dummy offset value
(e.g. value corresponding to ‘0’) and it doesnot modify the data.

The format conversion stage converts the results to a sign-magnitude format. This is
needed to match the requirements of the instruments that follow the array combiner.
The format conversion stage, present in the IA network is programmed to do no
operation on the data. This section is retained here for uniformity even though it is not

required.

3 The summing network EPLD contains a programmable register to configure the circuit
to suit to power or real-imaginary mode operation. The dish selection facility is provided
by the Antenna Mask register. Another register holds the input range (lookup table)
selection number. These registers can be pre-loaded from the control computer.

This design consists of many pipe line stages, hence it is required to tell when the first
data appears, to the back-end systems, to enable them to start collecting the data. For
this purpose a pipe-line delay register is incorporated in the EPLD circuit. This can be

programmed from the control computer to generate a clock valid (start) signal after a
predetermined number of clocks. When the Array Combiner output has the very first
valid data output the clock valid signal appear. The back-end instruments can use this

flag to start acquiring data.

The other polarisation Array Combiner board also works the same way. The data rate
handled by each of them is 16 MHz.
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The clock for the Array Combiner is synchronised and derived from the clock control
circuit. This circuit is implemented inside an Erasable Programmable Logic Device
(EPLD). The control computer can command to start or stop the operation of the
combiner by controlling the clock circuit. It synchronises the Array Combiner operations
with the FFT system, and generates the 2 phase clocks required for demultiplexing the
data, and the diagnostic clocks.

This version of the design was realised in hardware. Printed Circuit boards are made.
Circuit boards are assembled and tested. The complete hardware is checked -and
installed at the observatory site. Now it is presently being used for the astronomical
observations. Details about the results are described in the next section
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After the successful completion of the proto-type, the work on the final system was
taken up. The final system will have to work at double the clock rate that of the proto-
type (the clock rate will be 32 MHz, instead of the 16 MHz). This 32 MHz operation
reduces the design complexity, system size, and hencé the cost, provided that suitable

components are available.

Designing big digital circuit boards for the 32 MHz operation, however, have new
constraints. Actually it is a migration into a new technology. Usually for circuit boards

operating around this speed, a special attention is required in the design and circuit
layout. At these speeds the signals start to behave more differently as the high
frequency effects start to dominate. PCB design without adequate care will result in
the deterioration of clock shapes and consequent malfunctioning of the circuits. Most
low frequency components would practically stop working.

Here, the new technology products catering to very high frequency operation come into
use. Invariably these new products operate with different signal and electrical
characteristics. Their power ratings are different as power consumption increases as a
function of the operating frequency. Proper planning of the power distribution on the
circuit board, therefore becomes one of the major considerations.

These high speed devices make very sharp signal level transitions. The signal rise and
fall times are, typically in the order of 1-3 nanoseconds. These sharp edges enable
them to work at the high clock rates. Therefore, unless the circuit boards also allow this
kind of signal transitions, square-wave-clocks and signal edges would start jittering,
which can jeopardise the circuit operation. Such problems are very difficult to
diagnose and correct. The practical solutions are to choose the right component and to
take sufficient care on the circuit lay-out design.
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For proper operation at the higjh speeds, the circuit board layout should be made so as
to smoothly handle every clock in the circuit. Usually it is enough, if the circuit layout
can handle, the 5th harmonic of the fastest square wave clock. This rule is not
sufficient in many other cases. The high speed components used in the circuit produce
very sharp signal edges. Often these edges have their contributions, beyond the 5th
harmonic of highest operating frequency. So it turns out that the kind of components
used decide finally the restrictions on the board layout. The practical solution is to use
only the appropriate speed components given the clock speed. Also when high
frequency components are used on the relatively slower clock speed applications, it
unnecessarily adds complexity in the circuit and layout designs:

The high speed operation also pose, variety of other demands in terms of test
equipment. It was required to use high bandwidth equipments to reveal true nature of
the signal particularly when the signal is non-ideal. For proper trouble shooting and
testing circuits involving in the BiCMOS technology components it is required to have
300 - 500 MHz bandwidth scopes, even when the maximum clock frequency is only 32
MHz.

1

It was important, therefore, to understand these various aspects of the high-speed
technology before final circuits can be realised. The necessary requirements were
identified. Suitable components were located. The high density surface mount versions
of the buffers and latches from the FCT series were found to be the best choice. These
chips are made with additional pins for power supply and ground. These additional
pins handle the high speed switching current requirements comfortably. Also, there
are separate power supply pins close to the output pins. These supply pins can be
separately de-coupled with suitable capacitors, so that the load variations will not
affect the ICs internal operating characteristics. This offers a definite advantage in the
circuit design. There are also special bus driving ICs, where balanced and higher
output currents are available. This feature reduces the bus driving problems. Then,
there are also ICs with a built-in series termination (FCT 2 and T series). These ICs are
suitable for driving signals over a short distance (point to point use). The series
resistor reduces unwanted current swing, and there by eliminating problems such as
the ground bounce, and those related to signal reflections. Typically, these double
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density chips replace two numbers of the TTL dual-in- line IC equivalent chip but
occupying only 1/4 th the space. PCB routing is also relatively easy when the density
of the chips is compared. These chips are available with different speed grades. The
new thing that was to be learned about those chips, however, is related to their
soldering on the circuit boards. For this purpose, some special tools and techniques

had to be acquired.

Appropriate de-coupling techniques were identified. Considering the speed of operation
and the technology of the IC chips in use, it was found that the circuit required two
kinds of de-coupling. One on them is meant for de-coupling the low frequency range of
switching noise. Other one is for de-coupling the high frequency range, produced
chiefly by the fast signal edges. For most circuits, it was required to use a ceramic
0.01 uF (for 10 - 30 MHz range) and a NPO type 470 pF (for the 160 MHz range). It
was also required to place the de-coupling capacitors at the right places in the layout.
These placement details were studied carefully and implemented in the board design.

The importance of proper termination of the high speed signals cannot be under-
estimated. Different termination techniques were carefully studied and some related
experiments were tried-out. The ‘parallel termination’ was found to be the most suitable
method. Different critical signals were identified and their signal routing strategies were

worked-out with extra care.
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The core of the design consists of the Input Conversion stage followed by a five level
binary tree summing network. The design is divided in two stages. The first stage is
implemented in 8 identical boards. These boards are called as the ‘4-input cards’.
They combine 4-dish inputs in one card to produce power, real, and imaginary outputs.
The second stage is implemented in 3 identical boards. These are called the ‘8-input
cards’. The 8-input cards combine 8-data inputs of one kind (e.g., power, real, or
imaginary terms) available from the eight ‘4-input cards’.

Design complexities are simplified by using the lookup tables in the place of
computational hardwares. The over all processing speed of 32 MHz is achieved by
using pipe-line techniques. In this design, long operations that could not meet the
required speed are divided in to suitable sub stages and implemented in multiple pipe-
lines. The IA, PA computations are implemented in 12-pipe-line stages (input
conversion -1, summing netWork - 8, additional features - 3).

A high-density, 25 nanosecond CMOS EPROMs are used for the input conversion
stage. Four-bit wide R/W RAMs are used to select the input signal range. A five-level
binary tree adder network is used to implement the summing hardware. High speed
CMOS EPROMs (20, 25 nanoseconds) are used to implement the adding elements in
the network. High speed FCT series SMD devices are used to meet the high speed
latching and buffering requirements. FCT series low-skew (0.5 ns) 1:10 clock-buffers
are used to distribute the clock signals in the circuit boards.

Worst case estimates of the power consumption (for the 32 MHz operation) were taken
into account while deciding on the power supply distribution. Power supply decouplirig
is achieved by using 0.01 pF and 470 pF capacitors. These two capacitors filter the
20-40 MHz and ~160 MHz components respectively

It is important to appreciate that different portions of the circuit work at different speeds.

~ They can be classified as follows.
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1. High Speed Section: Clock and control signal had the fastest edge to edge
transition of about 32 nanoseconds. Very short trace lengths and stringent
component placement control are required for proper operation.

2. Medium Speed Section: It is identified that for the pipe-line processing if the clocks
are transiting at 32 MHz rate, then the ‘signal-lines’ can transit only at 16 MHz. This
fact helped to group the data lines in the medium speed section. In this section,
while it is desirable to avoid long PCB traces, the components need not be placed in

a compact way.

3. Low Speed Section: These are the low speed control and set-up lines. Some of
them usually stay static except during the configuration operation controlled by the
computer. In this section long traces and liberal component placement are allowed.

This identified grouping has helped to suitably plan the PCB layout. The layout looks as
shown in figure below.

The ‘clock’ and ‘init' signal buffers and delay

circuitry fall in the High Speed section. It is

located in a strategic place in the board. The

High Speed Board Layout

circuits are implemented in a compact area and it
is very close to the input and output connectors.
From this place the clock radially reaches to the

other sections of the board with almost equal
delays. The high speed signals are daisy-chained
and routed with additional isolation, ground

guards and terminated at the last point to achieve

FIG.4-17

a stable high-speed operation.

The pipeline data processing (Input Conversion, Gain RAMs, and Summing) stages fall
in the Medium Speed section. The input data enters via one of the connectors, and the
| processed data comes out through the other. In the pipeline architecture of the design,
| there is minimal cross connectivity in the circuit. The processed data moves between
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different stages like a plane wave front. This kind of connectivity avoids the use of long
traces and naturally supports the easy implementation of a high speed layout.

The Low Speed sections in the layout consists of the programmable registers, display
drivers, low speed buffers, control and setup-decode-logic circuits. They operate at
relatively very slow speeds. Here, the components placement restrictions are minimal.
Length of the tracks may not be of much significance for the proper operation. The

component and the track density in this section is also relatively small.

The functional block diagram of the system is shown here.

Combiner Network

Array Combiner Functional Block Diagram FIG. 4- 18

1. The ECL to TTL Section.

The complex spectral data are coming from the FFT as ECL differential signals. There
are mputs corresponding to data from 30 FFT modules. These signals are converted to
TTL levels, latched and forwarded to the Input Conversion stage.

2. input Conversion section:

The mantissa exponent format complex numbers entering this block are converted to
the corresponding power, a linear formatl real, imaginary terms. The conversion is
carried out by using EPROM based look-up tables. The power terms produced are
6-bits wide and the real, imaginary are 5, 5-bits wide. The EPROMs contain 2 banks of
16 tables suitable for measuring different input signal ranges. Presently one of the

-
ﬁ
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bank is used for storing the diagnostic signals. The bank selection is activated by
programming a control register. The range control bits coming from the gain RAMs
selects one out of the 16 tables in the given bank. The gain control bits are commonly
available to both IA and PA tables (power, real, imaginary sections).

3. Gain Control Section:

A 4-bit wide R/W RAM (one RAM per dish) addressed by a channel counter (10-bits
wide) supplies the range control bits to the input conversion section. Contents of the
RAMs are loaded from the control computer. This gain control feature is available to all
the 30 dish inputs, the two polarisations and for the individual spectral channels.

4. Combiner Network Section:

The Combiner network combines the 30-inputs (power, real, imaginary) using a 5 level
binary adder network. There are 3 identical networks meant for summing the power,
real, imaginary terms. The adder network for the power terms is configured to add
positive numbers and the real, imaginary networks are configured to perform the 2’s
complement addition. The entire network is implemented using suitable high speed
EPROMs in multiple pipe-lines stages. ‘

The first two levels of the binary network (6, 7- bit adders) are implemented in 2 pipe-
line stages (one pipe-line per level). The last 3 levels (8, 9, 10- bit adders) are
implemented in 6 pipe-line stages (2 pipe-lines per level). The hardware up to the
second level addition are implemented in the 8 identical boards. The antenna masking
provision is provided at the inputs of the first level adder itself. Selective inclusion or
masking of any combinations of antenna inputs are possible at this level. There are
separate masking provisions available for 1A and PA networks.

Another additional stage of masking is provided at the inputs of the third level adder.
From this level hardware is implemented in another set of 3 identical cards. At this
stage onwards, the summation of the power, real, and the imaginary terms are carried
out in separate card. The masking provision helps in avoiding any set of inputs for
further addition if the corresponding previous stage cards are not present.

=T
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5. Format Control Section:

The final sum output data format can be suitably altered to match to the requirements
of the back-end instruments. The format conversion section is implemented using an
EPROM. This section accommodates up to 8 formats with a maximum data size of
11-bits. Suitable data scaling is also possible at this stage.

Sub-Group Facility: _

A provision is available to bring summed outputs corresponding to two independent
groups to the back-end instruments to facilitate sub-array observations. In this, each
group can have a maximum of 16 dishes. These are the partial sums from the network ‘
tapped out before performing the last level addition. This provision is available for both
the IA and the PA mode outputs.

6. Demultiplexer Section:

The Array Combiner processes the time multiplexed 2-polarisation channels. They are
separated (demultiplexed) into individual channels only at this last stage. The 1A, PA
' mode outputs, including the sub-group outputs are demultiplexed to produce a
corresponding polarisation 1 and 2 channels v:rith a reduced data rate of 16 MHz.

7. TTL to ECL Section:

These are buffer driver stages, facilitating proper distribution of the array combiner
outputs to the different back-end instruments. The TTL outputs from the array
combiner are converted to ECL differential signals and distributed usihg twisted pair

cables.

8. Control Computer:

The Array Combiner operating parameters (mask registers, gain values, etc.) are
loaded from a control computer, which also monitors the system status during the
operation. A control software gives the user interface to the Array Combiner system.
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The hardware required to produce the two single beam modes are divided in to two
main sections and implemented in two types of circuit boards. They are:

1. Four Input Cards (eight cards)
2. Eight Input Cards (three cards)
[details are for one side band]

The Four Input Card (FIC) combines four dish inputs. There are eight such cards to
handle the 30 dish signals. The basic functions of these cards are:

1. Accepts the complex spectral Four Input Card

voltages from four FFT modules ;

(coming from 4 dishes x 2
Polarisations).

2. Converts the complex voltages into
Power (6-bits), Real, Imaginary terms
(5,5-bits ) after adjusting for the
expected input signal range.

3. Combines the 4-dish Power, Real-

Imaginary terms.

Hardware details

The spectral voltage outputs from the FFT system enters ECL to TTL converters and
are converted to the TTL levels. These signals are latched using the tri-statable input
registers'. The register outputs are tri-stated for the diagnostic operations. The mode
control register (Mo bit) has to be programmed for this purpose. During the diagnostic
mode it is possible to tri-state the input register and feed a common 12-bit number from
a programmable register to the IPC inputs. It consists of two numbers of 128K X 8
EPROMs? per dish input. There are 4 such sets of EPROMSs in the Four Input Cards.

! 74FCT16374 SMD
2 cy27HO10
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The IPC stage produces the Power (6-bits) , Real (5-bits), & Imaginary (5-bits). The
first EPROM (for example U16) outputs the power (6-bits) and the 2 LSBs of the real
part. The second EPROM (U17) outputs the remaining 3-bits of real part and the
5-bits of the imaginary part.

The EPROM (IPC stage) gets the Input Conversion and
expected input signal range | GAIN Control Section
information from the Gain RAMs.

[ P P LAY

For this purpose the upper 4
address bits (A12 to A15) of the

- EPROMSs are used to select one
out of the 16 possible 4K size
tables. These tables contain the
optimum look-up outputs

. Independent gain correction possible for each
channel of the pol, side-band and for any dish.
. Pol channals arrive multiplexed, their gain values
FIG.4-20 are located in successive locations of Gain RAM

corresponding to the different

input ranges. During the operation of the system, gain corrections are accomplished
by suitably changing to an expected table for every channel of the spectral inputs.
The details about the gain tables to be used (4-bits wide data) are coming from
Read/Write RAMs®. There are 4 such RAMs in each cards corresponding to the 4 dish
inputs. The gain values corresponding to 256 spectral channels and for the 2
polarisations for the 4 dishes are stored in these RAMs. Using these RAMs it is
possible to store up to 512 range values* per polarisation. The RAM locations are pre-
loaded during the set-up operation. The RAMs are addressed by a 10-bit channel
counter. The channel counter is implemented inside an EPLD®. This channel counter
operates in synchronisation with the FI-‘I"system. When a specific channel data from
FFT arrives at the IPC stage inputs, the corresponding RAM locations are accessed
and the stored range values are supplied to the IPC lookups. The odd and the even
numbered sets of locations in the RAM contains range table numbers corresponding to
the two polarisation channels. The synchronisation signal (XINIT) is derived from the
clock sequencer EPROM® located in the Clock-Controller card. The control computer

CY7C150

Synchronisation has to be adjusted
EPM5032

CY7C245A
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loads two Gain RAMSs at a time using the 8-bit data path. Gain RAMs corresponding to
Dish-1, Dish-2 RAMs are loaded together. Similarly, data corresponding to Dish-3 and
Dish-4 Gain RAMs are loaded together. After loading, the computer can read back and
verify the operations. The integrity of the data stored in the RAMs is checked using the
pre-computed parity bits stored in a parity RAM. The parity RAM is also addressed by
the channel counter, hence the parity errors are checked automatically when each time
a new location is accessed. The contents of the parity RAM can also be read by the

control computer for verification, if required.

The output data from the IPC stage enters the binary summing network. At first the
power, real and imaginary terms are latched in the clearable registers’. The ‘clear
signals’ are taken from the antenna mask register (U60). The mask register can be
programmed to exclude any combination of the dishes in the summing. As already
mentioned, separate masking provisions are available for power, and real-imaginary

(IA mask, PA mask) summing networks.

First Level Addition (Dual 6-bits plus 6-bits adders):

After the clearable register, the data First Level Addition

) Second Level Addition
enters the Level-1 summing stage of " Each 4 Input
the binary network. At this stage __ Card contais.
successive two inputs are added | i s
together. The adders are a the 4 dish power,
implemented  using EPROMSs®. fosl imaginan

These EPROMs take in two 6-bit

inputs, adds them and produces a
FIG. 4- 21

7-bit sum output. In the case of real,
imaginary terms the inputs are only 5-bits wide, hence the most significant bits (MSB)
are tied to ground at the clearable register inputs while the same 6-bit adders are used
for summing. The real, imaginary term network adders ignore these MSBs. Then the
sums produced are stored and forwarded to the next pipeline stage using a latch®.

7 74FCT162823 SMD
8 cyrcoes
® 73FCT162374 SMD
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Second Level Addition (7-bits plus 7-bits adder):
The second level of summing produces the output corresponding to the four input sum.
The power term will be 8-bits wide, the real and imaginary are 7-bits each. These 7-bit
adders are implemented again using EPROMs'®. All the three sums (power, real-
imaginary terms) are further latched and forwarded to the ‘Eight-Input Cards’ through
the back-plane.

in the 4-input cards, a provision is available to adjust the phase delays for the clock
and Init pulse so as to meet the proper timing synchronisations. The parity error status
is displayed using LEDs and also available to the control computer as a status flag.
The IA and PA mask values are displayed on the front panel. An EPLD based
decoder circuitry is used for selectively writing and reading the programmable registers
and the Gain RAMs present in the card. The input conversion stage has a provision to
switch to a second bank for any diagnostic purpose. This is accomplished by
programming the Bank selection bits in the mode control register. The gain RAMs are
loaded from the control computer by tri-stating a 10-bit latch that is feeding the channel
counter outputs to the RAMs address lines.  The RAM address values are supplied
from the control computer while loading and reading the contents. The tri-state control
is achieved by setting a (M1) bit in the mode control register. There are general
purpose lines provided in the board between the EPLDs and the back-plane euro
connector to accommodate any future requirements. A 1:10 low-skew FCT dlock
driver’" is used to distribute the clock to the different sections of the four input card.

There are 4 pipeline stages in this card.

All the 8 first stage cards simultaneously receive the synchronisation signal through the

back-plane.

® cyrczrs
" 74rFCTBO7 SMD
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Eight sets of the four dish sums, thus Eight Input Card
obtained are available to the Eight Input '
Cards (EIC) for further addition. There -'—r

are 3 identical Eight Input Cards 3 :

i i <+ ADD [ omx[T* "
handling the Power, Real & Imaginary : DMX 1, Por2
terms separately. The basic functions of ———

. : 16 MHz X 2
this card are given below: . :
- P azmez Each Eight Input card
1. Accepts the 4 dish sum terms from e ..., EACh Eightinput card
the Eight four input cards.
- FIG. 4-22
2. Sum all the 8 terms

3. Demultiplex the Polarisation Channels.

Hardware Details |
There are eight power, real-imaginary terms each 8,7,7-bits wide, at the 8-input cards
(EIC) for summing.  All these 3 cards have identical hardware circuit, but are
programmed to perform simple addition in the case of power, and 2’s complement
addition for the real and imaginary terms. One of the card is described here. The

details are given here.

The input data enters the first stage clearable registers'™. All of the 8-inputs may not be
present during the operation, hence a masking provision is available to exclude any
given set of inputs in the summing. The register clear signals are coming from the Card
Enable régister (U43). The control computer configures the Card Enable register. The
data outputs from these registers are fed to the next stage of the binary network (first
adder stage in this card) for further addition.

The addition of 8 inputs can be carried out in 3 levels using the binary tree network.
For this purpose it is required to have 8, 9, 10-bit wide adders corresponding to the
three levels. Due to hardware implementation considerations, each of these adders are

12 24FCT162823 SMD
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split into 2 pipeline stages (pbstponed carry addition refer Fig. 4-12) and implemented
in the EIC.

Third Level Addition (8-bit adders):

The inputs are 8-bits each, and there are 8 of them.

Pipeline-1 adds the successive two least significant 6-bits and produces 7-bit outputs.
There are four such adders implemented in four EPROMs™ to cater to the B-inﬁuts.
The results are latched and forwarded to pipeline-2.

Pipeline-2 adds the two most significant 2-bits along with the corresponding carry
produced in the 'previous pipeline. These are implemented as four numbers of
2,2, 1- bit adders. Two such adders are implemented in one EPROM™ . There are two
such EPROMs.

The final sums here, are four 9-bit wide numbers. These outputs are available for the

second level addition.

Fourth Level Addition (9-bit adders):
The inputs for this stage are four 9-bit numbers from the previous stage.

Pipeline-1 adds the successive two least significant 6-bits and produces the 7-bit
outputs. There are two such adders at this stage, they are implemented in two
EPROMs'™. The results are latched and forwarded to pipeline-2.

Pipeline-2 adds the remaining successive two most significant 3-bits along with the
corresponding carry produced in the previous pipeline. These are implemented as two
numbers of 3, 3, 1- bit adders. Each adder is implemented in one EPROM® .

Here, there are two outputs, each 10-bits wide.

3 cvrcoes
" cyrc2e
¥ cyrcoss
% cyreoen
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Fifth Level Addition (10-bit adder):

The inputs for this stage are two 10-bit numbers from the previous stage

Pipeline-1 adds the two least significant 6-bits and produces the 7-bit output. The
adder is implemented using an EPROM". The result is latched and forwarded to the
next pipeline

Pipeline-2 adds the two most significant 4-bits along with the carry produced in the
previous pipeline. This is implemented as a 4, 4, 1-bit adder. It is implemented in one
EPROM™.

Here, the 2-inputs are added together to produce a 11-bit output.

Sub-Group: One of the inputs to this stage (sum of data from dish 1 to 16 ) is brought
out as a sub-group output. The main summing stage is also optionally bypassed to
produce the second input of the adder (sum of data from channels/dish 16 to 32)' as
another sub-group. The data output from both these groups are format converted,
demultiplexed and are available to the back-end instruments. The hardware

implementation of this will be discussed in detail.

Output Format Control:

The' sum output after the last stage
addition is fed as the lower 11 address | Output Format Section
bits (lower 10-bits in the case of sub-
group outputs; where the 11th address
bit is grounded) of the Format-control
EPROM. The upper 3 address bits of
the EPROM are supplied from a Format
Select register (U47). These 3-bits can
select up to 8 different formats. This

Format Select register is configured by
the control computer. The output data FIG. 4- 23

corresponding to the selected format will

7 cy7coea

" cy7c2o1
' There are 32 inputs to the summing hardware
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- appear with a maximum data size of 11-bits (10-bits in the case of sub-group outputs).

Since the real, imaginary terms are combined in independent cards, they have
separate Format-Output sections. However care must be taken in the controi software

to handle them identically.

Sub-Group:
The sub-group outputs,

representing the sum of

roup 1
4-input-card-0 to card-3 sum of up to 16
: Dishes
sum  outputs, are | (Sum of 1..4 First
) 1 stage cards)
available. The outputs
are 10-bits wide. The Sub-Group 2 j
: sum of up to 16 Dishes
main group output can —— (sum oo 8 Fist stage
. cards) :
be programmed to give This output Is always
either the full sum of all
Su.b-group Fmi"ty .................................................... FIG . 4 .-. 24

the 4 input card outputs
(dish 1 to 30) or bypass the addition and give only the sum belonging to the second
group, i.e. card 5 to 7. This bypass mode is activated by setting the M, bit in the
SubGroup/PolEnable register (U45). This M, bit forms an additional (address ) input to
the 10-bit adder stage (last level) EPROMS (U25, U33) and configures them to work in

Adder or By-pass mode.

De-multiplexer: De-multiplexed

Now the formatted data enters the de- :;':;;m 1‘%
multiplexer stage. The two phase clocks w2 -+_I_+—|_

(CK1 and CK2) coming from the Clock High | __+_|_
Control section demultiplexes the data. |5Peed 2
at 32MHz

The data which appears for the even
clocks are latched by the CK1. and the | ,, data - Pol 1
odd ones by CK2. After de-multiplexing ck2 sie Mz

the Polarisation-1 data appears first and

FIG.4-25

Polarisation-2 data one clock later. This
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delay differences are compensated by, again latching the polarisation-1 data using CK2
clock. The two polarisation channels will have a data rate of 16 MHz per channel.

Control Interface and Control Software:

The controller interface provides access to
. . Control Interface
the programmable registers. The interface

consists of two data buses each 8-bits wide;

one for reading and another for writing data.
A  4-bit address bus is used for selecting a
particular register inside the card. The card

i
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select line is used to select a specific card.

vy v

Write
Read
The read and write signals are used to
FIG.4-26

specify the read/write operations. One
reserved line is provided for future use. Error status indication is available to the
controller interface from all the cards. The computer communicates to the array

combiner through a 144-line I/O card.

The Control Software is divided into, Four main Modules. They are

1. Lower Level : /O routines and Interface specific routines. _

2. Card Specific: It is specific to a type of card in the system. e.g. FIC control, EIC
control routines etc.

3. Diagﬁosﬁcs: These routines serve mainly as an aid for testing and debugging.

4. User Routines : These are Application Specific routines. They call the other routines
and provide the user interface.

Usually the lower level routines need not be changed for writing any application
programs. On the other hand, if the hardware control interface is changed then only the

Lower most routines would need to be changed.
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Timing Sequencer:

A timing Sequencer is used to generate
Timing Sequencer
proper timing signals for the system. This
block receives the synchronisation signal < -
L u P Timing
from the GMRT clock distribution system. Nl s singals for
. . . - T ] 'mArray
This module translates the input signal timing | cLock S E M Combiner
from FFT
information to suit the Array Combiner R —!
) ) Reset MR SR
requirements. The counters used in the Array mc) Local Reset
FFT
Combiner obtain their synchronised-reset FIG. 4- 27

signal from this stage. The Sequencer is
implemented inside a clocked-EPROM. The following Timing signals are available from

this Sequence.

. Local synchronisation (reset) signal
Init signal for the GAC Channel Counters

. Gated 16 MHz Clock for the Pulsar Machines

1

2.

3. Init signals for the Back-end instruments

4

5. Clock Valid signal for the back-end sysrerﬁs

Programmable Control Registers:

These features are activated from the control computer.

The Antenna Mask: This is a programmable register present in the Four Input Card.
The content of the register decides the dishes to be included while combining the
signals. There are separate Antenna Mask registers present for the Incoherent Array

and for the Phased Array section.

Polarisation Channel Masking: The Antenna Masking masks both the polarisation
channels for the specified set of antennas. There are times when only one of the
polarisation of a given dish may need to be excluded. This provision helps to mask one
of the polarisation of any given dish. As the Polarisation channels arrive in a time-
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multiplexed manner, they will have to be masked during the alternate clock cycles. This
operation is achieved by appropriately loading the Gain tables to point to an “all zero”
(a special table which is kept as the Oth table) locations in the Input Conversion stage.
For this purpose the alternate location of the Gain RAM is loaded with a table number

(here, it is 0) containing “all zeroes”

Card Enable: This feature is available in the second stage combiner cards. At this stage
the different 4-dish-groups are combined. There are possibilities that, one or more of
the 4-dish combiner card may not be present in the system. During such occasions the
inputs corresponding to those ‘missing’ cards should be made zero during the
subsequent summing. The Card Enable register is configured to mask the 4-dish

outputs that are absent.

Master Polarisation Masking: This feature is available at the De-multiplexing section of
the Eight Input Card. This is a static feature, unlike the high speed polarisation masking
already discussed. This Master Polarisation Masking feature can mask (zero) or allow
a given polarisation channel for the entire Combiner network. If a particular polarisation
channel happens to be masked, for all the dishes being combined using the
polarisation masking in all the 4-dish combiners, and that particular polarisation channél
will be masked out at this stage too. Both the sub-groups have an independent Master

Polarisation Masking facility.

The details about the Tests conducted with the system and the Results are described in the next
chapter
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Chapter 5

Results and Discussion

5. 1 Introduction

Various experiments and tests were conducted during the development of the GMRT
Array Combiner. These tests can be classified into three main types.

® Simulation studies.
® Field tests.
® Astronomical observations.

i

5. 2 Simulation StUdieS - Error Analysis

‘The system functions were modelled using computer programs. Then the Amray
Combiner input-to-output relations were studied using this software mode!. Simulated
test data were fed as input signal to the model. The processed outputs were collected
and analysed. The differences between the observed output value and the true input
value were examined and the various results from analysis of these comparisons are

presented here.

The Amray Combiner input-to-output relations are chiefly affected by the quantisation
errors from the first stage (/nput Conversion stage). Since in the second stage
(Combiner network) further quantizations is avoided throughout the network, it does
not introduce additional errors. Hence analysis of the operations of the first stage
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reveals necessary details about the Array Combiner's performance. At first, the
functions of the input conversion stage corresponding to one channel (dish) of the
Array Combiner were modelled using computer programs. This model consists of two
programs simulating the first stage, one of them 'produces the |A (/ncoherent Array)
mode outputs and the other one produces the PA (phased Array) mode outputs. These
models operate for 15 different Gain-Windows (dynamic ranges), and output bit
length, like 4, 5, 6-bits, etc., can be specified. These options enable the complete
functional simulation of the system. The Analysis consists of the following steps.

1. Generation of the input data (complex samples).

2. Use the PA and IA software models and compute the outputs for the different gain
-windows.

3. Analyse the results

Here the term, gain-window relates to the operating gain level or the expected input range. The
smaller the Gain-Window, the smaller the input range but with higher gain. Combiner has 15
different Gain-Windows. These windows are arranged in the order of increasing input range. At
present, the successive windows are maintained with 1.5 dB power leve! difference. Thereby
spanning a 21 dB dynamic range coverage in power from window-1 to 15.

The aim of this simulation study is to find the optimum operating gain-window
(instrument dynamic range) for a given input power. The optimal region is a
compromise region between the maximum power level the system can handle to the
smallest variations it can faithfully reproduce. The input signals are the normally
distributed random noise.

A computer program (in the Matfab environment) is developed to generate the test data
sequence. The required test data are the gaussian distributed random sequence of real
and imaginary parts of complex numbers. These random complex numbers are nothing
but the random points in a complex plane, which can be generated by randomly
choosing a value for the ordinates, that is, the real part, and the imaginary part
independently. These complex numbers represent the input signal voltages. Each of
the values are represented in 4-bit mantissa and a (negative) 4-bit common binary
exponent format. The steps involved in the generation of these numbers are given
below:

1. Generate normal random numbers; two sets (sequence A, B).
2. Normalise the sequences to their respective root-mean-square values.
3. Divide the sequences by a suitable scale factor.
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This operation adjusts the mean power of the input data to a desired value. This biasing is
necessary to produce the test data distribution similar to that of the actual system inputs.

4. Find the log, and convert the sequences into a mantissa exponent-sequences (A’,
E1, B', E2).

5. Adjust the mantissa to obtain a common exponent such that the mantissa fields are
used optimally, and quantize to produce the required limited bit sequence (a, b, c).

Thus the random complex data sequence (represented by a,b.c) are generated and
stored in a file. This data sequence are used as test input for the simulation models.

Real part Imaginary Part Input power

» 3000 3000 1500 N
g
g 2000 2000
3
= 1000 1000
g

0 :

-0.1 0 0.1 0 5 10

power/mean power

Some details about the nature of the input data are presented here. The real imaginary
terms a.2°, b.2° are gaussian distributed random numbers. The exponent ‘c’
determines the mean input power. From these complex numbers the power value
(a®+b%)/2% is computed and stored in the computer. This will be used as the reference
input power, to which the outputs from the models will be compared. The probability
distributions of the power values are shown here, they have an exponential distribution.
In this plot the x-axis units are the output power value normalised to its mean. The x-
axis is divided into 64-equal bins. The y-axis indicates the number of occurrences (out
of total 10,000 samples) of the power value within a given bin. The discontinuities
(gaps) seen are due to the nature of the input data format. It can be seen in this plot
that the number of occurrences of small power values are more than the higher values.
In this sequence the numbers as big as that of 9 times the mean occurs very rarely and
numbers beyond 10 times has not occurred at all indicating that the related probability is
very small. Such is the property of the distribution.

To summarise, a random sequence of complex numbers (voltage terms) were
generated. The input poi.ver values are computed from these numbers. This complex
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data will be fed as input to the IA, and PA models. The power values will be used to
compare with the simulation results.

The simulation experiment was carried out for all the 15 gain-windows using the same

input data. The experiment was repeated for 3 different cases. They are:

Case 1. output power digitised to 4 bits
Case 2. output power digitised to 5 bits
Case 3: output power digitised to 6 bits

The test data was fed to the 1A model. Output power values were computed for all the
15 gain-windows and for all the three cases. Then the resuits were examined.

A sample sequence of the

f I | outputs produced are shown
G oy 07 LMM{M\}UJ!WQ 91MMJM pas P

here (fig 5-7). These are the

# o WAAR 0 18] gy POwer vl procuced by the

15-different  Gain-Windows.

0 g gy 99 WM s WAL The outputs corresponding to

only 100 samples are shown
Q4 AL A I 91MM*M here. For the simulation
studies a sample size of
jgi | N M
o5 ATy on A oot 10,000 was used. The last
x 10 power

m«L; P g;‘ I I ! plot in fig.5-2 is the actual
* UMM“&'M“WJ w2t/ % 50 o input power. The plots are
sample no.

i arranged here in the order
FiG # (g1-g15) of increasing input
range (decreasing gain). As one can note that the output power value corresponding
to many low input range windows (g1, g2 ,..) appear to be saturating and clipping of the
signal is seen at the peaks. Outputs corresponding to few other windows (g9, g10) are
reproducing the sequence better. In the case of the high input range windows (.., g14,
g15) the outputs produced are in coarse steps. Fine details are not visible at all. The

last plot shown here is the actual input power.
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To summarise, the computed output power for the different dynamic range Gain-
Windows appears as shown in fig-5-2. One among them closely reproduces the true
statistics of the input signal. The analysis part of the program compares these outputs
with the actual input power and estimates the error statistics as a function of the gain-
windows used and quantisation step sizes involved.

The steps involved in the error analysis are described here. The output power values
belonging to all the 15 gain-windows are taken and for each of them:

1. The mean power of the input test data is computed (Min).

2. The output powers corresponding to each of the gain-windows are taken, and
properly scaled to produce the output means (Mop), Then it is compared with the actual
input mean (Min). The difference (Min-Mop) is the corresponding error (Ei) introduced in the
measurement. These values are recorded.

3. The standard deviation of the error sequence (Serr) are computed and recorded,

4. The output mean (Mop) and the standard deviations of the error sequence (Serr) are
normalised to the input mean (Min). Then the data are plotted for verification.

This analysis was carried out for the three cases, with differing number of output bits.
The input data used in all these cases are the same. The results are presented using
the following three plots (fig 5-3, 5-4, and 5-5). Similar trends are noticeable in these
plots. The plots shown in fig. 5-3 are the results for the 4-bit power output, fig. 5-4 are
for the 5-bit power output, and fig.
5-4 are for the 6-bit output. The bar
plots are shown here to indicate the
step size of a given gain-window.

In these plots, the mean of the
output power and the standard
deviation of the error in the
estimation are plotted against
different gain-window numbers.

—=>= Window No. |

FIG. 5-3 Gaina -(1.5))dB and input range o (1.5 j)dB

Some of the features that are
common for all the three plots (fig
5-3, 5-4, and 5-5) are discussed here first.
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Along the x-axis are the gain-window numbers. Progressively each of the gain-window
accommodates 1.5 dB more power than the previous one. The y-axis units are the
power values normalised to the input mean power. The bar plots indicate the step size

of a given gain-window.

Two prominent curves are visible in
these plots. One of them is the
output mean (Mop), the other one is
the standard deviation of the error
(Serr) in the output. The output
mean is the mean of the output as

estimated by the different gain-
windows. The input range of the

gain-window-1 is not sufficient to

reflect the true mean. This window

o : i H .
° : C s Windowno oo produces clipping of signal due to

saturation (see fig 5-2;g1). This
causes the estimate of the power to

FIG. 5-4 Gain« -(1.5))dB and inputrange o (1.5])dB :

be lower than the input power. The error committed are also very large, it is as much
high as that of the input mean itself.
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As the input range is increased by

moving to a higher gain-window
number (lower gain), the saturation 4
and the clipping reduces, and the
estimated mean (Mop) slowly
approaches the true (input) mean.
(i.e. y approaches unity). But still the

error (Serr) is larger than the

estimated mean. The cross-over

o] é 4 6 8 10 12 1I4: 16 .
~=> Window No. | takes place between the gain-

FIG.5-5 Gana {15198 and inputrange o (15088 windows 4 and 5. At the cross-over,

the estimated mean and the error (Serr) are equal. (the windows differ in ranges by 1.5

dB steps). As the instrument input range is further increased the estimated mean
(Mop) output reaches the true mean. At this point the error (Serr) also comes down to

a minimum value.

After the point of minimum error, the 3 plots (fig. 5-3, 5-4, 5-5) start to differ
significantly. The output mean curve falls-off differently, also the increase in the error
(Serr) are significantly different. These differences can be appreciated readily from
fig.5-6, where the error curves from fig 5-3, 5-4, and 5-5 are plotted together. It is
clear that only when the input range is sufficiently large the errors are dominated by the
coarseness of the step, which is smaller, if, more bits are used to represent the output.
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To summarise the information indicated from these curves so far,

¢ In all the three cases, thé error

shows a well defined minimum at
an optimum gain-window.

e The optimum window number
shifts towards the left for the 4-bit
(smaller  bit size)  output
representation. For the 4-bit
output the error minimises at
gain-window 9, whereas for the 6-

bit output it is at window 10. This

. i i . L : i
0 2 4 8 8 10 12 14 16

--> window No, | . .
aspect is due to the difference in
FIG.5-6 Gaino -(1.5))dB and input range o (1.5 j)dB the quantisation steps.

¢ At the optimum table the error introduced by the 6 bit representation is about 4%,
5-bit representation is about 8%, and 4-bit representation is about 14%

e Six-bit output representétion has relatively borad range where the error is small. |
The output mean foliows the input mean ‘Iineariy in this region. It is useful to have
such larger linear region as seen in this case. _ .

The region of the gain-window corresponding to the minimal error is the optimal |

operating region for the assumed input power. At this region one will get the best ;

reproduction of the signal from this hardware.

The optimal operating window is established by the distribution of the input signal. In
this case the inputs are exponentially distributed. From the plots it can be observed
that, if the given input signal has a mean power M, then the gain-window (or input g
range) which just allows up to 10 times the mean, (i.e., input range = 10 x M) gives the
best reproduction and the signal-to-noise ratio. This is shown by (see fig 5-3, 5-4, 5-5)
the ‘optimum curve’ corresponding to 1/10th of the maximum (unsaturated) power
allowed in a given gain-window. For the test data used, it can be seen that the
optimum table for the 6-bit power output, is the 10th gain-window (where the error

committed are the minimum).
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Hence for ‘optimum’ performance, given a mean input signal power, a suitable window
that gives the best minimum percentage error is to be chosen. As the mean input
power is varied along the y-axis, different optimum gain-windows should be selected.

After the optimal region the output mean start to fall below the input mean. This fall-off
is very rapid in the case of the 4-bit system. In this region of the plots, the gain windows
used become larger and hence the smallest measurable (LSB) value (quantisation step
size) becomes comparable to that of the mean input power. For the exponential
distribution most signals are below the mean. At this region the- mean is comparable to
the LSB size, and hence the average output power can’t grow too bigger than 1 LSB
(one measurable) unit. Also the round-off scheme used in deciding the output vaiue,
alters the fine details of the curve by introducing more quanitzation error. These effects
are clearly visible in the curves. In the 4-bit output the fall-off is quicker because the

LSB size becomes larger than the other 2-cases.

This trend will continue until a gain-window (bigger input range) is reached, where
most of the samples will correspond to output smaller than 1/2 LSB. At this point the
output mean will fail very close to zero.
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The simulation experiment was carried out for all the 15 gain-windows using the same

input data. The experiment was repeated for 3 different cases. They are:
Case 1: output real, imaginary parts digitised to 4, 4 bits

Case 2: output real, imaginary parts digitised to 5, 5 bits

Case 3: output real, imaginary parts digitised to 6, 6 bits
The test data was fed to the PA model! (first stage). Outputs were computed for all the
15 gain-windows. The experiment was conducted for all the three cases and results

were examined.

A sample sequence of the

Real part Imag. part Real part Imag. part
9T W WASWA ® i w\wal  outputs produced are shown -
R et A 910 gt fe gl here in fig. 5-7 These are real,

imaginary values produced by

93 . N : g1 . . e pan . . .

PRI e R g e 15 different gain-windows.
AT I T T2 e il Outputs corresponding to only
9 W 91 iy w100 samples are shown here.

. y \ For the simulation study a

g6 MA i e 914 PLAMAAL WA A

W W WAL sample size of 10,000 was

97 M e g1 m:@;* M N used.
0.05

9 WA W o3 g

50 0

The plots are arranged here in
the order of increasing input range (decreasing gain). It can be seen that the output
voltage (real, imaginary ) corresponding to many low input range windows (g1, g2,..)
appear to be saturating, and clipping of the signal is seen at both +ve and -ve peaks.
Fine features of the signal are over amplified. The outputs corresponding to few other
windows (g8, g9) are reproducing the sequence better. In the case of the higher input

Cht
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in the signal are not visible.

a7 il h i wM«W
LA ol

gt VMLLLA‘/‘M + 16-Tnput power
okl Hnihond

range windows (g13, g14, g15) the outputs produced are in coarse steps. Fine details

The last plot shown here is the actual input voltage, (the real, imaginary terms). One of
the quantised output plot from g1-g15 is a very close reproduction of this last plot

For the analysis purpose, the power terms (modulus squares) are computed from these
complex numbers from cases g1 to g15. These power values can be compared with
the true input power. The computed power values appear as shown in fig 5-8

These plots also show similar
characteristics as that of the A
mode plots of fig 5-2. The
computed

power terms

belonging to small input range

(91, g2.)
saturating, while that of the high

windows are
dynamic range windows (g13,
g14, g 15) have only the coarse
details. And some of the outputs
from the middle region (g8, g9,
g10) better
representations.

are relatively

To summarise, real, imaginary terms corresponding to the different gain-windows are

produced using the PA model and the corresponding power terms are computed for

comparison with the input power.

At this stage the PA mode output voitages are already converted to power values, and

hence the analysis becomes similar to that of the IA mode. The details are mentioned

here again for completeness
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The following are the steps involved in the error analysis of the PA mode outputs:

Computed power data corresponding to all the 15 different gain windows are taken,
and for each of them;

1. The mean power of the input test data is computed (Min).

2. The output powers corresponding to each of the gain-windows are taken, and
properly scaled to produce the output means (Mop), Then it is compared with the
actual input mean (Min). The difference (Min-Mop) is the corresponding error (Ei)
introduced in the estimation. They are recorded

3. The standard deviations (Serr) of the error sequence(Ej) are computed and

recorded.
4. The output mean (Mop) and the standard deviations of the error sequence (Serr)
are normalised to the input mean (Min). Then the data are plotted for verification.

The analysis was carried out for all the three cases, using the same input data. The
results produced from the above experiments are discussed here. The plots show

similar trends.

Some of the features that are common to all the three cases (4, 5, 6-bit results from fig
5-9, 5-10, 5-11) are discussed here first.

Case 1: Power from 4,4-bit Real imaginary parts The result obtained for cases-1, 2, 3

(corresponding to the power
obtained from the (4,4), (5,5), (6,6)
bit representations respectively for
the real, imaginary parts) are given
here in figures 5-9, 5-10, 5-11
respectiviely. The bar plots are
shown here to indicate the step size

of a given gain-window.

FIG.5- 9 Gaino -(1.5))dB and input range o (1.5 j)dB
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FIG.5-10 Gaina -(1.5))dB and inputrange o (1.5 jjdB

In these fingures the mean of the
output power, and the standard
deviation of the error in the
'estimation are plotted against the
number of the gain-windows used.
The successive gain-windows differ
by -1.5 dB gain (input range
increases by +1.5 dB) as one moves
to higher window number. The y-axis
are the output power, normalised to
the input mean.

One of two prominent curves in these plots (fig 5-9, 5-10, 5-11) shows the output mean
(Mop), the other one shows the standard deviation of the error (Serr) in the output.
The output mean is the mean of the output power as measured by the different gain-
windows. As it can be seen, the output mean measured by the gain-window 1 is less
than the true mean. The input range is not sufficient and hence the signals are clipped
due to saturation and this causes under estimation of the mean. The standard
deviation of the error seen in the output is very large, and is comparable to the input

mean.

Case 3. Power from 6,6-bit Realimaginary parts

T T T T T T

0 2 4 & 8 10 12 14

FIG.5-11 Gaino -(1.5))dB and input range o (1.5 j)dB

16

As the input range is increased by
moving to a higher gain-window
number (lower gain), saturation and
clipping effects are progressively
reduced. Then the estimated mean
slowly approaches the true mean.
But until about gain window-3 the
standard deviation of the error is
larger than the estimated mean. The
cross over takes place between the
gain-windows 3 and 4. At this place,

90
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the estimated mean and the standard deviation of the error are about equal.

As the input range is further increased the estimated mean reaches the true input
mean (Y=1) around X=9. At this time the standard deviation of the error also comes
down to a minimum value.

Around this place and beyond, the features of the plots (fig 5-9, 5-10, 5-11) start to look
significantly different. The mean value (Moi) curves start to fluctuate differently, and the
standard deviation of the errors (Serr) are significantly different. This differences can be
seen readily from fig.5-12, where the error curves from all the three cases (fig 5-9, 5-10
and 5-11) are plotted together.

The error committed in the estimation of the input power varies as a function of the
gain-window used and as a function of the number of bits used in the output
representation.

The following summarises the information obtained from these plots so far,

* In all the three cases, the error
shows a well defined minimum at
an optimum gain-window.

e The optimum window number
shifts towards the left for the 4-bit
(smaller bit size) output (case 1),
and error minimises at gain-
window 8, where as for the 6-bit
output it is at window 9. This is
due to the bigger step sizes of the

: : : : 4-bit output representation.

S N&;_] T T the optimum table the error
introduced by the 6-bit
representation is about 5%, 5-bit

representation is about 9% ,and 4-bit representation is about 19%

Q 2 4
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The region of the gain-window corresponding to the minimal error is the optimal
operating region for the assumed input power. At this region one will get the best
reproduction of the signal from this hardware.

The optimal operating window is dictated by the distribution of the input signal. In this
case the complex voltages have zero-mean and are gaussian distributed. From these |
results it can be observed that, the window that allows up to 6 times the average peak
signal value gives the best reproduction and the signa-to-noise ratio. This is shown by
the ‘optimum curve’ corresponding to 1/6th window maximum. In the voltage window
(PA) this curve corresponds to it is 1/2.45 (about 0.4) of the maximum (unsaturated)
voltage allowed in a given window. It can be seen that the 9th window is the optimum,
where the error committed is the minimum. In the case of the 4-bit plots the minimum
error window shifts to the left (towards the lower dynamic range window).

Hence for ‘optimum’ performance, given a mean input signal power, a suitable window
that gives the minimum percentage error is to be chosen. As the mean input power is
varied along the y-axis, different optimum gain-windows should be selected.

Near the optimal region the error minimises but the output mean starts fluctuating
around the input mean (here y=1). This fluctuations are more Seen in the case of the
4-bit output (case 1) system. It is less in the 5-bit system and it disappears in the case
of the 6-bit system. This nature is related with the input distribution, quantisation sizes
used in the measurement, and the round-off scheme used in deciding the output.

The software model simulates one channel (dish) operation. Hence the results shown
here are for one dish input. The results can be appropriately scaled to see the effect on
the multiple dish outputs, where only the ouput error will reduce by square-root of the
number of dishes used, assuming operation at the optimum input range (Gain

selection).
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The Array Combiner was taken to the observatory at the Radio Astronomy Centre,
Ooty, and GMRT, Poona. There it was connected to the Telescopes and tested again.
The Pulsar Search Pre-processor was connected to the Combiner hardware and the
noise sources and CW signals were used as the test inputs. The linear operating
regions of the combiner were verified. Pass-band filter shapes were recorded. Some of

the results are presented here.

Polarisation ch.1 Polarisation ch.2 Polarisation ch.1+ ch.2

. 10000 A-1 110000 A-2 110000 A-3
o o0 o0
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o 10000 B-1 {10000 B-2 110000 B-3
% 5000 5000 5000

% 50 100 150 ‘o 50 100 150 % 50 100 150
<, 10000 C-1 |10000 C-2 {10000 c-3
E o o0 oo

\

% s0 10 150 % 50 100 15 % S0 100 150
< 10000 D-1 110000 0-2 {10000 D-3
% 5000 5000 5000 .

0 0 0

0 50 100 150 0 50 100 150 0 50 100 150

The noise source bandshapes shown In fig. 5-13 are the test results obtained while
checking the Array Combiner system. These tests were carried out at the GMRT
observatory. The details about these plots are given here. Antenna noise were given as
input to the FFT system. The FFT outputs were fed to each of the 16 channel inputs
(two polarisations X eight dishes) of the Array Combiner. The outputs from the Array
Combiner was verified on a back end system. The plots thus obtained verifies the
‘proper functioning of the Array Combiner. Bandshapes obtained from 4 dishes and two

polarisation channels are shown In this figure. Bandshape A-1 was obtained by

| processing signals from Dish 1, polarisation channel 1. Bandshape A-2 is from Dish 2,
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polarisation channel 2, and A-3 is the sum of the two polarisation channels A-1 and A-
2. (as seen by the back-end instrument). Similarly for B-1..., C-1 .... D-1... etc are for
Dish 2, Dish 3 and Dish 4 channel bandshapes.

Polarisation ch.1 Polarisation ch.2 Polarisation ch, 1+ ch.2
o 10000 A=1 110000 A-2 110000
% 5000 5000 5000
0 0 0

cj
aj
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. 10000 C-1 110000 €-2 110000 ¢
I
2 5000 5000 5000

0 0 0

cj
g
o 8

0501001500050100150050100150
Y-axis: Power in counts, X-axis: Speciral channel number

The test results_from the second set of four dishes (dish 5 to dish 8) are given in figure
5-14. Bandshape A-1 was obtained from Dish 5, polarisation channel 1. Bandshape A-
2 is from Dish 6, polarisation channel 2, and A-3 is the sum of the two polarisation
channels A-1and A-2 (as seen by the back-end instrument). Similarly for B-1.., C--1..,
D-1.. etc are for Dish 6, Dish 7 and Dish 8 channel bandshapes.
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polarisation channel 2, and A-3 is the sum of the two polarisation channels A-1 and A-
2. (as seen by the back-end instrument). Similarly for B-1..., C-1..., D-1... etc are for
Dish 2, Dish 3 and Dish 4 channel bandshapes.
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Y-axis: Power in counts, X-axis: Spectral channel number

The test results-from the second set of four dishes (dish 5 to dish 8) are given in figure
5-14. Bandshape A-1 was obtained from Dish 5, polarisation channel 1. Bandshape A-
2 is from Dish 6, polarisation channel 2, and A-3 is the sum of the two polarisation
channels A-1and A-2 (as seen by the back-end instrument). Similarly for B-1.., C--1..,
D-1.. etc are for Dish 6, Dish 7 and Dish 8 channel bandshapes.
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are

ult obtained while combining more than one dish input

e o
presented here in figure 5-15

Noise spectrum outputs from the FFT system were fed to four dish inpufs of the array
combiner. The combined outputs from the array combiner were integrated and
recorded using a back end instrument. In figure 5-15 the bandshapes A-1, 2, 3, 4
correspond to a single, two dish, three dish, and four dish inputs respectively. It can be
observed that the combined output signal power increases as the number of dishes
combined increases. These results verify the summing operation of the Array
Combiner. Note that the input signal powers from different dishes were not same and

that the gain windows used however were same.

The last stage of the combiner has an

output format control facility. The
bandshapes shown in fig 5-16 verifies
the operation of this stage. The input

spectral voltages were fed to the Array

combiner. Bandshape plot

corresponding to the normal mode
operation was recorded, which is shown in A-1. And one of the output format, the
round-off mode was selected, and output bandshape A-2 was recorded. In the round-
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off mode the output will be produced after a divide by two operation. Hence the output
bandshape (A-2) shows half the power of A-1 band. '
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The Array Combiner has the programmable gain control facility. The operation of this
stage was verified by observing the noise bandshape for various gain levels. The
different band shapes thus obtained are given here in figure 5-17.

Noise spectrum was fed to the Array Combiner (only one dish input used). The output
bandshapes were observed by changing the gain-windows. The gain-window was
varied in steps of -1.5 dB. The 16 bandshape plots, thus obtained are overlaid and
shown in fig. 5-17. The Lookup-0 plot corresponds to the highest gain window, and
Lookup-15 plot corresponds to the lowest gain window. It should be noted that the gain-
window corresponding to Lookup-15 accommodates, large input range variations in the
signal but uses coarse steps, where as Lookup-0, gain-window accommodates smaller
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input range with fine steps. And in all these cases the total number of steps are the

same. The resuits shown here are for the 6-bit resolution.

The linearity is assessed by the ratio of the
outputs produced for two such channels that
have significantly different input contribution.
These ratios are derived from the bandshapes
plot of fig. 5-17. One of the channel (ch 50) is
taken from relatively a higher power section of
the band, and the other one is (ch 125) chosen

from the lower power (fall-off) section of the
band. In fig. 5-18, the gain for the two channels

as a function of the window number is shown. As

can seen the gain variation is not identical for the two channels. The reason is that they
have different input powers. This aspect can be more clearly seen from fig.5-19, where
we plot the ratio of the powers from the same two channels as a function of window

number. The common linear region is confined to . —
a very small section between window 1 and 7. In I
otherwords, the gain-window which optimally
matches for one section of the band need not be
optimal for another section. Especially when the

pass-band has significant gain variation across

frequency, this aspect will cause signal to noise

H . H H i . . i
2 4 0 ] "0 12 14 1%
i

degradation across band. This problem is *
completely solved by the Channel-wise gain

correction feature incorporated in the Array
Combiner design.
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The proto-type Array Combiner has beeen used in many astronomical observations.

One of the most useful participation of the Array Combiner is in the survey, study, and
general observations of the radio Pulsars', which give periodic pulses of radio

emission.

The Antenna was pointed to a pulsar direction in the sky. The baseband outputs were
digitised and fed to a Fast Fourier Transform (FFT) hardware. The output from the FFT
was fed to the Array Combiner. The Array Combiner outputs were connected to a
Pulsar Search Preprocessor. The Pulsar Search Preprocessor acquired the data from
the Array Combiner. Integrated power spectra were output at intervals 0.5 msec. and
were recorded for off-line processing. The recorded data was further processed® by
software programs to detect the presence of pulse signal. The oPtained pulse profiles

are shown here.

The following figures shows some of the observations made on pulsar signals at 327
MHz using the Ooty Radio Telescope.

" Pulsars: Nuclear fusl is the lifeblood of a star. Stars with larger masses than 1.4 Suns, after using up all the fueis die a
more violent dealh by explosion. A part of the star collapses, to become a heavy material at its core. It forms a tiny star of
about 20 Kms in radius with an incredibly high density of about 100,000,000 tonnes per cubic centimetre. At this pressure the
electrons are forced into the nuclei with the protons, forming a neutron star. Some of these are rotating at a very high rates of
up fo several lums per second, and send out beams of radiation which we detect each time a beam passes us. Since we
receive the energy in puises, we call these stars Pulsars.

2 Different spectral channel dala was suilably delayed io acount for dispersion delays introduced in the intervening medium
and then combined. The dedispersed time sequence was folded at the intervals of the Pulsar period to obtain an average
estimate of the emission profile over one period.
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Figure 5-20 , is pulse profile obtained by observing a pulsar PSR 0834406 (the
numbers indicate their location in the sky). This particular pulsar rotates at rate of about
one revolution every 2.547564 seconds. In this figure two pulse periods are shown. In
most cases, the data acquired from the sky does not have any significant indication
about the presence or absence of the pulse. A priori knowledge about the expe\cted
nature of the pulsar radiations, good estimates about the characteristics of the media
through which pulse radiation has travelled, and the signal processing techniques
adopted makes the detection of the Pulsar radiation possible on Earth. The signals
that are buried deep in the sky and receiver noise can thus be detected with a
remarkably high signal to noise ratios (SNR). Here, the SNR achieved is about 42 from
a data collected for about 135 seconds. To make such detections feasible the
instruments used have to work with sufficient accuracy and precision to cater for the
weak nature of the signals received in the telescopes.

lv’
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Figure 5-21 is a pulse profile obtained by observing a pulsar PSR 1237-41. This pulsar
rotates once every 0.5122720300 sec. (incidentally the rotation periods are known to
better than such accuracy!). This folded pulse profile has a SNR of about 23 from a
data collected for about 541 seconds.
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Figure 5-22 is another fast pulsar PSR 0740-28, with a rotational period of
0.1667700160 seconds. This profile was raised above the noise with a SNR of about
347 from a data coliected for about 540 seconds.

In these cases the proto-type Array Combiner was used. The instrument is still in use
for many other major observations like search, timing study, flux calibration of pulsar

signals, etc..
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The error analysis performed has yielded a very useful information about the
characteristics of the instrument. The optimum curves identified will help to use the
instrument at its best performing region. To summarise the cumulative results from the
IA and PA error curves are presented here again.

Comparision of IA and PA rasults
T T T

The plots can also be interpreted as
though the windows are not changed
but the signal power is varied from left

to right in steps of -1.5dB.

FIG. 5-23 Gain o -(1.5))dB and input range o (1.5 j)dB

The error committed in the estimation of input mean varies as a function of the gain-
window used and as a function of the quantisation step sizes used. The error minimises
at an optimum gain-window in a particular fashion. It should be noted, however, that
the error values and the optimum value vary for the IA and the PA stages.

The performance of the machine in practice depends on how carefully one selects the
gain-windows. For this purpose an automatic calibration procedure has been developed
to aid the user. It is also possible to selectively attenuate any given frequency
channels, especially when there are interferences. All these features, improve the
performance of this instrument.

For observations like puisar, where there is an expected positive growth in the signal
power it is best to operate at the one extreme (towards the higher window side) of the
linear region of the Array Combiner. The error values seen in this plot are for one dish
input. These values will go down to an appreciably very small value when more dish
inputs are combined.
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The Array mbiner presented in this
thesis is designed and developed to
provide the two possible simultaneous
single-beam modes for the GMRT Array.
One of the single beam mode is the
Incoherent Array (IA) mode and the other
one is the Phased Array (PA) mode. The
outputs in these modes are produced by suitably combining the different dish outputs.

Such single beam mode helps in terms of reduced hardware complexities and data
rates, etc., in observations requiring high time/spectral resolution.

The A output is formed by combining the detected power outputs from the array
elements, while the PA output is formed by coherently combining the voitage signals
from the array elements. The 1A mode yields a broader sky coverage at the expense of
reduced sensitivity, and is best suited for survey kind of observations. The PA mode is
useful for observations of small sky area that require a very high sensitivity.

A detailed quantitative analysis of the performance evaluation is carried-out using
computer simulations. These simulation studies yielded useful information about the
choice of parameter to optimise the performance of the Array Combiner.

The design was carefully analysed and the two main sections were identified, viz.,
1) the Input Conversion stage, 2) the Summing stage. Suitable techniques were found
out to éimplify the design complexities in these stages. To validate the design, a
reduced version of the instrument working at 16 MHz was built and tested at the
telescope site with astronomical signals. The test results showed that the basic design
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works satisfactorily. Currently, this version is being used for the astronomical
observations. In this design, the major computations were simplified using the look-up
tables, and erasable programmable logic devices were used for performing the
addition. In the final design, the hardware complexities were further reduced by
running the system at twice the speed. The final system also incorporates a facility to
optimise the quantisation levels (in the look-up tables) in accordance with each

spectral channel input independently. It has been designed with a scalable
architecture.

It is important to note that the speed of operation of the final system is about 32 MHz.
Running the system at the higher speed introduced new constraints. The hardware
technology required was completely different from what was used in the proto-type
design. The realisation of the final system hinged on the availability of faster
components in the market and the knowledge from literature for building such high
speed systems. For this purpose, the high speed circuit design aspects were carefully
studied. The techniques for performing processing of signals at the required speed
were identified and circuit layouts were carefuiry made to suit for the high speed design.
The full system design was completed. The design taking into account all the
additional factors is implemented in the final version of the hardware.

The PCBs required for a main section of the instrument, supporting an eight dish
system (two polarisation ) were made, assembled and tested. This new version is
presently installed at the GMRT telescope site. The test results show that the design
goals are adequately met in the final system.

in this design many Engineering design challenges have been met by suitable
design ideas and techniques. Especially to handle large number of inputs at the
high speed, many new design ideas were considered. The techniques developed

and identified for making the high speed boards should find use in many other
new applications.
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2. One of the important features of this instrument is its complete programmability.
By suitably arranging the hardware and the memory chips, the instrument can be
made to handle a variety of different tasks at high speeds, apart from being an
Array Combiner.

3.  The main circuit cards are made using 4-layer PCBs. In all these cards the inner
layers are the power planes and the signal tracks are laid only in the outer layers.
Such layouts, enable quick and easy testing of the circuits during the
development stages.

4. The Computer Interface provided at present satisfies all the present
requirements. However it has a lot of scope for further improvements. A
dedicated controller can be incorporated with a standard interface (like RS 232) f_
to the Control Computer. The user interface program can be further improved. ,
The remote user interface can be provided by adding additional features through
the ethernet connectivity

5.  The FCT series ICs and the CMOS PROMS used in the system reduced the total
power consumption to a good extend. The ECL differential driver and receiver ICs
used in the system consume a lot of power and dissipate heat. With the present
state of the technology, it would be possible to consider an alternative scheme for

such purposes.

6. A facility to introduce a special-purpose Marker channel during the dead time of
the FFT cycles for use by the back-end systems for any hardware
synchronisation purposes is provided. This is achieved by suitably loading the
Gain RAMs.

7. At present, the system calibration depends on the Pulsar Search Pre-processor
as a back-end to collect and integrate the data coming from the Array Combiner.
If an Integrator can be incorporated along with the Array Combiner itself, it will

reduce the dependence on a back-end system and make the Array Combiner as

a self-contained system.
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10.

11.

12,

13.

14,

The final system, capable of handling all the GMRT dishes (30 dishes X 2
Polarisation channels X 2 sidebands) consists of 22 main cards of about 11" x 9”
size (with totally about 1500 ICs). The further size reduction of the system may
be possible, if, fast PROMs with much higher density or high speed EPLD range
devices are available.

It is possible to operate the Array Combiner for up to 512 channels per
polarisation per FFT frame in case the FFT system gets upgraded to 512
channels in future. For this purpose, the Gain RAMs will have to be loaded and
the Clock sequencer reset (sync) will have to be generated appropriately.

There are general purpose signal lines provided in circuit cards, from the EURO
connectors to the EPLDs and between the EPLDs. These lines can be used to
accommodate future requirements, if any. For example, the Gain RAM channel
counters can start, stop, or the count order can be reversed etc., by sending a
specific input signal through these general purpose lines.

The Array Combiner has 32 input channels. One of the two spare inputs can be
fed with test patterns to enable easy diagnostics of the system.

It is possible to use the Array Combiner to form a Broader Beam. For this
purpose, the individual antennas being combined can be made to point to a non
overlapped grid positions in the sky, and when ‘n’ such antenna signals are
combined, it will produce a beam that will cover areas in the sky ‘n’ times that of a
single dish. Although the sensitivity will be poor, such a beam may be useful to
detect and follow strong and fast moving phenomena in the sky.

The Array Combiner, with minor changes in the configuration (PROMSs), can be
used to correlate signals between two antennas or two groups.

The final stage of the Array Combiner demultiplexes the two polarisation
channels. In any specific application, if the multiplexed outputs are desirable, the
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hardware can provide these outputs with only a minor modification on the clock
lines. This is possible by feeding the 32 MHz clocks, in the place of two (two
phased) 16 MHz clocks, that are going to the Demultiplexer section. This 32 MHz
clocks can be fed at the back-plane connector pins or inside the Clock Control
card. When the demultiplexing is disabled this way, the same output will appear
on the Pol-1 and Pol-2 connectors at the 32 MHz rate. But the data from the Pol-
2 connector will appear one clock earlier to the data from the Pol-1 connector.

. )
15. The simulation study results can easily be verified for the various windows by

using test noise or suitable astronomical calibration sources, and by comparing
the corresponding resuits. The calibrated system performance can be evaluated
using the astronomical observations of well known sources.

The astronomical observations that will use the Array Combiner's single beam modes
(IA and PA) are:
e Pulsar Search Observations,

L

¢ Pulsar Polarisation Study,

e Pulsar microstructure studies

* Recombination line observations,
e Occultation studies,

» VLBI Observations, etc.,

To summarise, the test results show that the design goals are adequately met in the
final system and hence the Array Combiner with all its programmable features will
surely add significantly to the GMRT capabilities and contribute in all these scientific
studies planned with the Giant Metrewave Radio Telescope.




