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Analogue to digital converter (ADC)

IN ADC out

* Convert “real-world” analogue signals into discrete digital signals that can be
used for further processing

 Limited by how fast it can complete the conversion
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Time-Interleaved ADCs to increase sample rate

resolution (effective number of
ADC bits)

1024 MHz

ADC * Time-interleaving ADCs to increases
_@ sample rate while maintaining high

Switching at

Switching at
4096 MHz

ADC 4096 MHz

1024 MHz
[Black & Hodges, Time Interleaved Converter Arrays,

ADC
1024 MHz
IEEE J. Solid-State Circuits, 1980]
: @




Errors in interleaving ADCs

* Imperfectionsin
interleaving ADCs
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Time-interleaved ADC error sources

Interleaving errors:
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ADC interleaving artefacts from strong RF|

* Strong RFI from a nearby telecommunications tower results in interleaving artefacts
within the Parkes Radio Telescope (Murriyang)
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Simulation: ADC-generated RFI Fs = 4096 MHz
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Parkes Ultrawideband receiver sighal chain

Up to 16 x 128MHz wide
sub-band outputs

-

—
n . ———— -
_ | Processing chain
asfor Pal. A —
Polyphase . Sub-band signals
o .| Bandpass .| Filterbank : transported to GPU
> LNA o Filter ADC “| (Frequency : cluster for further

Polarisation B Polarisation A h i : .
,-_f ‘_\ Texas Instruments anneliser) : processing
ADC12J4000 12-bit 4GS/s ADC

Antenna A-way time-interleaved converter

feed

e Published artefact reduction algorithms (eg. Saleem and Vogel,
2011) require direct ADC output

e Our algorithm works with channelised output %
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Adaptive compensation with an LMS interference
canceller
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Least-Mean Squares (LMS) weight-
“signal+noise”: Channel containing update iteration

L

f‘DC interle"aving artffacts tobe Initialize, (for K tap-weights):
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W(O) =1+1j;x(()) =0
For each new sample X (n) update:
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e(n)=d(n)=y(n)
W (n+1) =w(n)+2ue(n)-x(n)

“noise only”: Channel
containing strong RFI . _
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Adaptive LMS5 filter configured

asa noise canceller [S. Haykin, Adaptive Filter Theory]



Simulation: Results of adaptive compensation
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Some results from Parkes UWL system

Spectrum results obtained

using DSPSR
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Demonstration of artificially introduced small tone

Artificially introduced tone still present after
LMS compensation (note that this would have

/ been undetectable prior to compensation)
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Some results from Parkes UWL system
Pulsar folding using DSPSR
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Conclusions & Discussion

* LMS is effective at removing ADC
interleaving artefacts (important for
spectral line observing)

* Two filter taps performed best

* Performance improves as SNR
increases

e Currently working on FPGA
implementation for real-time
compensation
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