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How did it all start?

Å Elektronen-Stretcher-
Anlage (ELSA)

low-intensity electron source

Å Sci-Fi hodoscope
trigger & beam monitoring

Å Calorimeter blocks on a 
movable table (3x3 tower)

angular and spatial scanning

Å DAQ: 80 MSPS ADC
both calorimeter and Sci-Fi

BeampipeSciFiECAL0

Small scintillating fiber detector for triggering a test 
beam experiment for an electromagnetic calorimeter

º15.1 PE 
signals!!!
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Digitization ςWaveform Sampling
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Why do we consider this type of digitizer?

PMT base

Frontend board

Å Possibility to implement completely dead-time free system.
ï Better ability to tag decay electrons that occur at short decay times and high muon 

energies.

ï E61 case ςability to disentangle in-bunch pile-up

Å Pulse processing on-the-fly (i.e. send only time/charge ςmost of the time)

Å Can subtract off periodic EMI by digital filters implemented in FPGA firmware.

Å There is a price to pay: power consumption,cost, data rate.
ï We need to reduce all without affecting physics performance

I± ŦƻǊ нлέ PMTs

I± ŦƻǊ оέ PMTs

Hyper-Kamiokande case



LoweringPower Consumptionς
Switched Capacitor Arrays(DRS4 example)
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lost events

sampling     digitization

Sensor

SCA

ADC

Only short 
segments are 
ƛƴǘŜǊŜǎǘƛƴƎΣ ǎƻ Χ

fast sampling ­

slow sampling ­

Avoiding dead time in capacitor arrays:
ÅUse chip with segmented memory

ï Latch only part of array, keep other parts active 

(DRS5 solution ïnot yet available)

ÅUse multiple arrays for single waveform

sampling     digitization



Study of Sampling Systems
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How poor can the picture be to still be able to tell where 
and how big the tree is with satisfactory precision?

How poor can the system specs be to still be able to tell when
and how big the pulse was with satisfactory precision?

High resolution Low resolution

High bandwidth Low bandwidth
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Optimizing Signal Chain
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Å Type of shaper/anti-aliasing filter?

Å Speed and resolution of the ADC?

Å Signal processing methods and sharing of signal processing between FPGA and 
DAQ

Å Optimization of resource usage within the FPGA­ talk by M. Suchenek

Å Quality of time & charge estimates
ï Waveform compression in case this quality is unsatisfactory

Å Treatment of pulse pile-up

Å Model of the full signal chain
ï Will allow exploration of various variants of shaper/ADC combinations without the need for 

many prototypes
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­ talk by G. Pastuszak
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Timing Resolution of Sampling Digitizers

Å Use AWG instead of PMT.

Å Use large reference pulse (timing 
accuracy sº10 ps) and small, 
shaped signal pulse (1 mV ~
100 mV).

Å Apply signal processing methods 
and calculate time difference ɲǘ
between ref. and sig. channels.

Å Repeat multiple times and compute 
RMS of ɲǘvalues. 

Å Two shapers: 

ï 15 ns and 30 ns rise time 
(10% to 90%), 5-th order 
Bessel-type low-pass filters.

Å SharedprojectWUT/TRIUMF

AWG

Shaper

ADC

ref. sig.

Agilent 33600A (1 GSPS/80 MHz)

Custom shapers

Commercial ADCs (CAEN)

DT5724
(100 MSPS/14b)

V1720 (250 MSPS/12b)

V1730 (500 MSPS/14b)
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PURPOSE OF THE STUDY:
Determine how fast and how precise does a system 
needs to be to achieve given performance specs?



Signal Processing Methods
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Digital Constant Fraction 
Discriminator:

threshold
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Å Simple processing ­ needs little 
FPGA resources

Å Does not make any assumption 
as to the pulse shape

Å Favors high sampling rate, but 
some improvements are 
possible for low sampling rates if 
pulse shape is invariant

Å Poor performance in low SNR 
conditions

q- actual sub-sample shift

ὅὙ
ὖ

ὖ ὗ

P

Q

q

Time errors and 
possible correction



FIR Filter
(timing)

FIR Filter
(charge)

Sampled signal

Signal for timing

Signal for charge estimation

Time from 
zero crossing

Charge from 
amplitude

Zero DC gain ς no baseline 
estimation needed

Zero DC gain ς no baseline 
estimation needed

Signal Processing ςFIR DPLMS
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Χ ƻǊ ǎƛƳǇƭȅ ǎǳōǘǊŀŎǘ ǇŜŘŜǎǘŀƭ ŀƴŘ ƛƴǘŜƎǊŀǘŜΦ

Å FIR = Finite Impulse Response 
Å Ψ.ƭŀŎƪ-ōƻȄΩ ŀǇǇǊƻŀŎƘ ­ transform known
ƛƴǇǳǘ ƛƴǘƻ ŘŜǎƛǊŜŘ ƻǳǘǇǳǘΣ ŘƻƴΩǘ ŎŀǊŜ ƘƻǿΦ

Å Arbitrary filter characteristic possible.
Å CƛƭǘŜǊ ǎƘƻǳƭŘ ōŜ ΨƻǇǘƛƳŀƭΩ ­minimize

certaincostfunction.

What shape?

What shape?

How to get the filter?

How to get 
the filter?

Tested response types:

Position and 
size of the 
template?
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Gatti E., et al., άDigital Penalized LMS method for filter synthesis with 
arbitrary constraints and noiseέΣ bLa !рноΣ мст-185, 2004



Signal Processing - FIR Filters 
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Å ¢ǊƛƎƎŜǊ ƻƴ ΨƎŀǘŜΩ ŦƛƭǘŜǊ ǊŜǎǇƻƴǎŜ όǊŜŘύ

Å Use adaptive threshold to prevent false 
positives (dotted black line)

Å ¢ƛƳƛƴƎ ǳǎƛƴƎ ΨǘƛƳƛƴƎΩ ŦƛƭǘŜǊ ǊŜǎǇƻƴǎŜ όōƭǳŜύ

Å Apply correction to counteract non-linear 
shape of the waveform near zero-crossing.

Method assumesthat 
shape is invariant

Need on-line Quality Factor to judge 
accuracy of estimation



Signal Processing ςContinued
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Matched  FIR Filter and Cross-Correlation Processing:

Pulses Cross-correlation

Misaligned pulses

Aligned pulses

Pulses Cross-correlation

Sub-sample shifts done using windowed
sinc interpolation (Blackmanwindow). FFT
interpolation also possible if shifting
impulseresponse.

Å Much more complex processing

ïWorks well with filter orders of 9-12

Å Assumes that shape is invariant

Å Similar timing performance to zero-
average FIR filter

Å Relatively easy to disentangle piled-up 
pulses



Results ςDigital CFD
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Good match of 
model and data for 
100 MHz ADC, 
slightly worse for 
250 MHz ADC

SNR ²20 dB

Poor match, data 
worse than model. 
Not a useful range 
anyway, as we need 
stime < 1 ns.

SNR <20 dB

0.5          1.7          5.2        16.5        52.3       165.3      523       1653mV­

1 ns

100 ps

10 ps

sn(100 MSPS) @165 mV
Timing 
resolution is
proportionalto

trise

SNR



Results ςFIR DPLMS
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Good match of 
model and data for 
100 MHz ADC, 
slightly worse for 
250 MHz ADC

250 MHz data 
better than model ς
possibly due to 
some correlation 
which is not 
reflected by 
simulation.

1 ns

100 ps

10 ps

sn(100 MSPS) @165 mV

0.5          1.7          5.2        16.5        52.3       165.3      523       1653mV­



ExampleHistogramsςFIR Timing
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LargeSNR case

100 MSPS ADC, 14-bit, 15 nsshaper



Digital CFD / FIR DPLMS ςNormalized
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Å 5ƻƴΩǘ ƴŜŜŘ ŜȄǘǊŜƳŜƭȅ ƘƛƎƘ ǎŀƳǇƭƛƴƎ ǊŀǘŜǎ ǘƻ Ƴŀƛƴǘŀƛƴ ƎƻƻŘ ǘƛƳƛƴƎ ǊŜǎƻƭǳǘƛƻƴΣ ŀǎ 
long as SNR is sufficient

Å It seems that it is better to maintain sharp edge ­ƭƻƎƛŎŀƭΣ ŀǎ ǿŜ ŘƻƴΩǘ Ŏǳǘ 
bandwidth of the signal that still has valid information
ï Sharp edges help in pile-up resolution

Å Oversampling help only in case of FIR-based algorithms ­ SNR gets better


