AIDA: test input signals
Input capacitance:

the relation between preamplifier output and input voltage is:
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where:

Cin = input (coupling) cap.



Cfdbk = channel feedback cap.: 

≈0.7pF for LEC







≈35.7pF for MEC








≈700pF for HEC

(N.B.: max out. signal ≈ 1.4V, less if we want to stay away from the lower rail and set the lower preamp reference higher than 0.2V)

so for example if we want to test the MEC and use Cin=4.7pF to obtain an output signal of 0.5V we need 3.8V input signal.

My advice is to use most of the range of the input voltage generator, so that the coupling capacitor is relatively small: once the Vin is set (say to 90% of its maximum value) from the above formula we can calculate the value of the Cin needed for a certain Vout, then pick the nearest standard value and with this calculate the exact input voltage.
Dielectric relaxation can be very problematic (certainly it was for me!) so always go for the best dielectric (X7R?) which also means bigger case. The surface mounted components seem to be quite good, even if very tiny, but I couldn’t find what dielectric they use.

Testing the LEC at low threshold requires small components (<1pF), in which case the parasitic capacitance across the input cap may become the main coupling element (if using poor connections: my board had parallel pins sticking out some mm and I was able to test the LEC low threshold without connecting any coupling capacitor).
In my testing I’ve used coupling capacitors from <1pF to ~450pF (using an voltage pulse with 2V range).

Input signal:

if using a voltage pulse generator the input period should be as long as possible: the second edge of the pulse injects a signal in the asic of the wrong polarity and the channel’s only way to recovery is the low frequency feedback (which is slow). It could also easily push the baseline outside the preamp range.

Because the recovery time from this “wrong polarity injection” depends on the amount of charge to be cleared and therefore on the input signal amplitude, when setting the input signal frequency keep in mind that it will change with the signal amplitude. Ideally set the frequency so that is slow enough for the channel to clear itself between one pulse and the next one when the amplitude is maximum, which is the worst case scenario.
If the input frequency is too slow for the voltage generator or the oscilloscope, another way to speed up the recovery time (roughly linear dependency I suppose) is to increase the bias current of the low frequency feedback (Ibias LF fdbk), but this affects the linearity and the precision of the ASIC because the low frequency feedback is always on even when a signal is being integrated.

The pulse width must be long enough so that the signal is processed through the whole signal chain, and a bit more.

In my setting the input frequency is usually between 2MHz and 20KHz.
The rise time of the preamp should be ~90ns, so ideally we want an input rise time a bit slower than this. Too fast signals may increase the crosstalk between channels.
