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Basics

ADC: discrete time (aliasing) and discrete levels (quantization) *

bit
V = Vier g & bits =

v(t) +=D=Pm/aM H= 1 L = 1/vr JZJf%
1 A A

| | |
n(t) x(1) r(t) q(1)

» Characteristics: sampling rate and resolution

> 8 bits=48 dB dynamic range on input power (20 X log;,(256))
> 10 bits=60 dB dynamic range on input power (Atmega32U4)
» 12 bits=72 dB dynamic range on input power

» 16 bits=96 dB dynamic range on input power

» V. noise directly impacts V measurement: % = A—VV

Ic. Cardenas-Olaya, E. Rubiola, J.-M. Friedt, M. Ortolano, S. Micalizio, & C.E. Calosso, Simple method for ADC

characterization under the frame of digital PM and AM noise measurement, Joint IFCS/EFTF (2015)
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Technologies

> successive approximation (SAR ADCs): as many
clock cycles as bits on the output (low cost, low
power)

> Y — A: 1-bit converter (comparator) followed by
low-pass filtering (audiofrequency, very high
resolution thanks to oversampling)

» flash: voltage ladder with comparator, for very fast
(>100 MS/s) ADC

» pipelined ADC: mix between successive
approximation and flash ADC (fast but introduces
some latency, higher resolution than single-flash)

+dithering

Figure 24-1.  Analog to Digital Converter Block Schematic
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|dentifying the sampling rate from continuous acquisition

Signal generated at 20 kHz
Unknown sampling rate, continuous output stream
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|dentifying the sampling rate from continuous acquisition
Signal generated at 20 kHz

Unknown sampling rate, continuous output stream
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Options Variable Variable | | Variable
N . I . . Title: Not titled yet 1d: samp_rate | | 1d: N1 1d: N2
O | Se a | a SI n g OutbutLanguageshyibon) Value: 32k Value: 8 Value:

Generate Options: QT GUI

2

Noise Source
Noise Type: Gaussian
Amplitude: 500m
Seed: 0

Keep 1in N

Low Pass Filter
Decimation: 8
Gain: 1
Sample Rate: 32k
Cutoff Freq: 2k
Transition Width: 15.625
Window: Hamming
Beta: 6.76

Throttle
Sample Rate: 32k

QT GUI Time Sink
Number of Points: 1.024k
Sample Rate: 4k
Autoscale: Yes

QT GUI Frequency Sink
FFT Size: 1.024k

Center Frequency (Hz): 0
Bandwidth (Hz): 4k

P low-pass filter before sampling to remove

unwanted

alias

» low-pass filter before sampling to reject

H

o 50 bt Time (ms) 1 200 250
S =0 glo(8)=
H -ss—[”"‘”'“’WWWW”"W*” Mw\WWvﬁwm\,J‘W\MMWWWAWWMWW"\“’WWW‘MM

50 0.00 0.
Frequency (kHz)

out-of-ban

» if only baseband sampling of broadband noise:

d noise

energy conservation accumulates noise in
baseband by aliasing = raises noise floor
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Noise aliasing

Notice the GNU Radio QT Frequency Sink block is a Power Spectral Density (PSD) display in
dBW/Hz or dBV?/Hz:

> Same asymptotic level before o N BN Eag o
. . Output Language: Python o alue: Value: 10
or after decimation by 10 or 100 | sneweoponsarou| L] [ p—

. . Sample Rate: samp.rate=1M e
> Power spectral density rises when | .. oo S ol s LG24
decimating with respect to e AR s

. . . B Center Frequency (Hz): 0
displaying the full bandwidth (energy conservation) Bandidt 6 somp. -
é QT Freq Sink is a PSD: dBW/Hz or dBVA2/Hz QT GUI Frequency Sink
; -40 FFT Size: 1024
€ O R R R L Lo st

Center Frequency (Hz): 0
Decimation: N7=100 Bandwidth (Hz): samp_rate/N1=10k
Gain: 1

Sample Rate: samp._rate=1M

Cutoff Freq: samp_rate/N0/2=50k
Transition Width: sa.../2/128=390.625

Window: windowWIN. HAMMING=Hamming
Beta: 6.76

0400

0200

0000 0400
Frequency (MHz)

= 0ata0

= oatat

e A oo = 2

1 "p""”h" mmmw»*w “’V"\M‘\/Vn“h/s.ﬂ’V.Al»f‘/\/‘wﬂ’“ﬂlv\'mﬂfl,!ﬂw\‘w’du/}/‘\A\V‘W\’M,VLJ\WWW\\’/‘M‘[Ky’;/'\ﬂf(‘

NO=10 => reduit la bande d'echantillonnage de 10
10%10910(10)=10 dB

Low Pass Filter
Decimation: N7=100
Gain: 1

Relative Gain (dB)

UGt Ay o A T Ay W g

Sample Rate: samp_rate=1M
Cutoff Freq: samp. rate/N1/2=5k

Transition Width: sa../2/128=39.0625
Window: windowWIN_ HAMMING=Hamming
400 200 000 200 400
Frequency (kHz) Beta: 6.76

N1=100 => reduit la bande d'echantillonnage de 100
10*10g10(100)=20 dB
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Noise aliasing

Notice the GNU Radio QT Frequency Sink block is a Power Spectral Density (PSD) display in

dBW/Hz or dBV?/Hz:

» Same asymptotic level before
or after decimation by 10 or 100

» Power spectral density rises when
decimating with respect to
displaying the full bandwidth (ener

scaling in Qt Frequency Sink wrong #4827

ali69550 commented on Jun 30, 2021 - edited by dkozel

Hi,

Inthe code of "freq_sink_c_impl.cc’ there is a problem:

instead of averaging abs(ffc())+2 and then taking the logarithm,
it first calculates the logarithm of abs(fft{))~z and then averages!
aswe all know log(a + b) 1= log(a) + log(b) -

Options

Title: Not titled yet
Output Language: Python
Generate Options:

Variable
1: samp_rate
Value: 7e6=1M

QT GUL

Variable Variable
N1 10: NO
Value: 100 Value: 10

Noise Type: analo.

Seed: 0

This causes a 2.5 dB lower result that can be easily shown by the following simple Matlab code:

M= a; % MPSK

L = 10000; % no. of averages

NFFC = 2000; % Fft size

N = NFFC Ot L

sbiv = randi(m, N, 1) - 1; % integer symbols
sbc_v = psknod(sbi v, M, pi/4, 'oray'); % complex symbols
sbo_m = reshape(sbo_v, NFFt, N/NFft);

SBC_m = abs( frr(sbc_m, NFft) ).n2;

s8C_log_n = 16*Log10(SEC_m) ;

ploc( [mean( SBC_log_m, 2) 10”log1e( mean( SBC_m,
grid on

2)1)

Noise Source

_GAUSSIAN=Gaussian
Amplitude: .5=500m

Assignees

Noone assigned

Labels

medium

Qreur

Projects

None yet

Milestone

Nomilestone

Development

No branches or pull requests

Notifications

Throttle

Sample Rate: samp_rate=1M

Limit: None

QT GUI Frequency Sink
FFT Size: 1024

Center Frequency (Hz): 0
Bandwidth (Hz): samp._rate=1M

QT Freq Sink is a PSD: dBW/Hz or dBVA2/Hz

Low Pass Filter
Decimation: N1=100

Gain: 1
sSample Rate: samp.rate=1M

Cutoff Freq: samp_rate/N0/2=50k
Transition Width: sa.../2/126-390.625
Window: windowWIN HAMMING=Hamming
Beta: 6.76

NO=10 => reduit la bande d'echantillonnage de 10
10%10910(10)=10 dB

Low Pass Filter
Decimation: N7=100
Gain: 1
Sample Rate: samp._rate=1M

Cutoff Freq: samp. rate/N1/2=5k
Transition Width: sa.../2/128=39.0625

Window: window.WIN_HAMMING=Hamming
Beta: 6.76

N1=100 => reduit la bande d'echantillonnage de 100
10*10g10(100)=20 dB

QT GUI Time Sink
Number of Points: 1.024k
sample Rate: samp_rate/N1=10k
Autoscale: Yes

QT GUI Frequency Sink
FFT Size: 1024

Center Frequency (Hz): 0
Bandwidth (Hz): samp_rate/N1=10k
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Sample & hold

> Sample & hold (Track & hold): input stage for keeping the sampled voltage constant
» Defines the bandwidth over which noise is integrated

» Possibly much higher than the sampling (conversion) rate

Example of external Track&Hold control:

Linear Technology LTC1407 (see also LTC2145 pulse 1
datasheet: 750 MHz T&H for 125 MS/s ADC)
Application to stroboscopic measurements?: sample
100 MHz carrier, echo delays at 1.2 and 1.5 pus,
4 GS/s equivalent sampling rate assuming /\ pulse 2
stationary environment
\/ sample
/\ pulse 3
sample

2F. Minary, D. Rabus, G. Martin, J.-M. Friedt, Note: a dual-chip stroboscopic pulsed RADAR for probing passive
sensors, Rev. Sci. Instrum. 87 p.096104 (2016)
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Sample & hold

> Sample & hold (Track & hold): input stage for keeping the sampled voltage constant
» Defines the bandwidth over which noise is integrated

> Possibly much higher than the sampling (conversion) rate

Example of external Track&Hold control:

“minicom.cap”using 1:2 —+—
Linear Technology LTC1407 (see also LTC2145 ., e
datasheet: 750 MHz T&H for 125 MS/s ADC)
Application to stroboscopic measurements?: 1400
100 MHz carrier, echo delays at 1.2 and 1.5 ps, &
4 GS/s equivalent sampling rate assuming <"
stationary environment & oo
E

1250

1200 H

1150 | sample number (a.u.)

0 500 1000 1500 2000

2F. Minary, D. Rabus, G. Martin, J.-M. Friedt, Note: a dual-chip stroboscopic pulsed RADAR for probing passive
sensors, Rev. Sci. Instrum. 87 p.096104 (2016)
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Sample & hold

» Sample & hold (Track & hold): input stage for keeping the sampled voltage constant
» Defines the bandwidth over which noise is integrated

> Possibly much higher than the sampling (conversion) rate

Example of external Track&Hold control:
Linear Technology LTC1407 (see also LTC2145
datasheet: 750 MHz T&H for 125 MS/s ADC)

Application to stroboscopic measurements?:

4 GS/s equivalent sampling rate assuming stationary environment

BLOCK DIRGRAM

O taga

100 MHz carrier, echo delays at 1.2 and 1.5 pus,

ﬂnnLOG InPUT The e denotes the specifications which apply over the full operating temperature range,

otherwise are at Ty = 25°C. With internal reference, Vpp = 3V.

SYMBOL |PARAMETER CONDITIONS MIN TYP MAX UNITS

Vi Analog Differential Input Range (Notes 3, 8, 9) 2.7V \Vpp 3.3V -1.25t0 1.25 v

Ve Analog Common Mode + Differential 0toVpp v
Input Range (Note 10)

Iin Analog Input Leakage Current 1 pA

Ciy Analog Input C (Note 18) 13 pF
Sample-and-Hold Acquisition Time (Note 6) 39 ns

tap Sample-and-Hold Aperture Delay Time 1 ns

tTeR Sample-and-Hold Aperture Delay Time Jitter 03 ps

sk Sample-and-Hald Aperture Skew from CHO to CH1 200 ps

2F. Minary, D. Rabus, G. Martin, J.-M. Friedt, Note: a dual-chip stroboscopic pulsed RADAR for probing passive
sensors, Rev. Sci. Instrum. 87 p.096104 (2016)
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Aliasing for distributed RADAR
> Ettus Research X310: 200 MS/s ADC

» BasicRX daughter board: 1-250 MHz
passive balun feeding the ADC

» Sub-sampling the 143.05 MHz at
200 MS/s: uses second Nyquist zone
and aliased signal appears at
|100 — 43.05| = 56.95 MHz

» Multiple USRP sources: all X310
must be controlled by the same
computer running GNU Radio
(connected to the same subnetwork)

» From samp_rate=1.536 MS/s to
768 Hz: cascaded FIR filters
decimating by 20, 5 and 20

cutoff frequency

respectively ending with an 800 Hz Y{

» assumes no signal in aliases of
143.05 MHz 4 800 Hz

PT 56.95 | 143.05 E. richter, Usage of higher order Nyquist

o | Zones with direct sampling Devices
S,
—1

T

watch?v=PI_ROLXqO_Q
T
zones 12/42

https://www.youtube.com/
fs/2 >1 Nyquist



Allasmg for distributed RADAR
> Ettus Research X310: 200 MS/s ADC

QT GUI Range QT GUI Range
oy @10

passive balun feeding the ADC

» Sub-sampling the 143.05 MHz at
200 MS/s: uses second Nyquist zone
and aliased signal appears at
|100 — 43.05| = 56.95 MHz

» Multiple USRP sources: all X310
must be controlled by the same
computer running GNU Radio

start:0 Starti 10k
Stop: 7655 Stop: 10k
stop: 1 stop: 1

(connected to the same subnetwork)

» From samp_rate=1.536 MS/s to
768 Hz: cascaded FIR filters
decimating by 20, 5 and 20
respectively ending with an 800 Hz
cutoff frequency

» assumes no signal in aliases of
143.05 MHz 4 800 Hz

Low-pass Filter Taps.
s

Gain: 1
Sample Rat (¥a): 1536k
cutot 00

Sample Rate: 15 36

Frequency Xlating FIR Filter
0000

Sample Rate: 15.36¢

QT GUI Waterfall Sink
1as (00

cor sncy (H
Bandwidth (Ha): 765

QT GUI Waterfall Sink
02

cer (a0
Bandwidth (42): 760
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Impact of local oscillator stability
Need for stable local oscillator: 300 Hz @ 143 MHz = 2 ppm long term stability

Top: X310 internal oscillator ; bottom: hydrogen maser external reference

! | b
] VW«WWMWNWMMWWWWWW%WW’WWWWWWWWWWNWMWWW

nnnnn

» each moving target is identified with a different Doppler shift after FFT of the recorded signal
» |ow streaming datarate: 600 S/s sufficient, 1 kS/s safe
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Results 2 km ENSMM-UFR ST optical fiber between WRS

White-Re! | gsscesa | () GitHu' | E4 Affich | [JADCY | @ Clock | w GPS

wi flightradar24.com/TH G @ fr Q 1458MHzam >

E 4.00e+00
By

somum 1530 8.00e+00
A 1553 s
6.00e+00

4.00e+00
2.00e+00

0.00+00
100

8.002+00

5 More R formaton B 6.00e+00
B Boeng 7736260 £ 4.00e+00
= = 2.00e+00

0.00e+00

B s

0001t

8.00e+00
6.000+00
oTED D @ 4.000+00

o r— 2.00e+00

e x 1.00e+01 %

@
§ ™

0.00e+00

o
Frequency (Hz)




Impedance and equivalent circuit
From the Atmega32U4 datasheet (section 24.7.1):

Analog Input Circuitry

The analog input circuitry for single ended channels is illustrated in Figure 24-9. An analog source applied to
ADChn is subjected to the pin capacitance and input leakage of that pin, regardless of whether that channel is
selected as input for the ADC. When the channel is selected, the source must drive the S/H capacitor through

the series resistance (combined resistance in the input path).

el

The ADC is optimized for analog signals with an output impedance of approximately 10kQ or less. If such a

ATmega16U4_32U4 [DATASHEET]

Atmel-7766H-USB-ATmega16U4_32U4-Datasheet_092014

284

source is used, the sampling time will be negligible. If a source with higher impedance is used, the sampling
time will depend on how long time the source needs to charge the S/H capacitor, with can vary widely. The user

is recommended to only use low impedance sources with slowly varying signals, since this minimizes the

required charge transfer to the S/H capacitor.

If differential gain channels are used, the input circuitry looks somewhat different, although source impedances
of a few hundred kQ or less is recommended.

Signal components higher than the Nyquist frequency (fapc/2) should not be present for either kind of channels,

to avoid distortion from unpredictable signal convolution. The user is advised to remove high frequency

components with a low-pass filter before applying the signals as inputs to the ADC.

Figure 24-9.

Analog Input Circuitry

AM

ADCn

Vv
1.100 k

I

Voo/2

Copi= 14 pF

Typical ADC equivalent impedance:
~ 10 kQ2

Make sure sensor impedance is < 10 k€,
otherwise voltage divider between sensor
impedance and ADC impedance

operational amplifier as follower acts as
impedance buffer (high input impedance,
low output impedance)

select single supply or rail to rail
operational amplifier for positive power
supply only
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Impedance and equivalent circuit

Bias T layout:

but ADC

» sound card output centered on 0 V

Vref

can only sample from 0 to
» C impedance |Z¢| = 1/(Cw) must be much

1600 Q < Zapc

> atl kHZ, 100 nF: ZlOOnF
» R < Zapc but R > Z¢:

R

lower at w = 2xf than resistor bridge

impedance

2200..5600 €2

~

> R much lower than Zapc (resistor bridge

18/42
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Quantization noise floor

Options Variable Variable Variable
Title: Not titled yet 1D: samp_rate | [ 1D: 1 1D: N2 =
Output Language: Python Value: 1e6=11 | | Value: pow(2,8)=256 Value: pow(2,5)=32 e nm_°::mp P CHETTEOAR:

Generate Options: QT GUI

Number of Points: 1024%4=4,006k
Sample Rate: samp_rate=IM
Autoscale: Yes

(8 bits/5 bits)*6 dB/bit=18 dB

Short To Float Multi

Uin) Scate: 1 Constant: /V1=3.90625m

Multiply Const Float To Short
Constant: N1=256 Scale: 1
Multiply Const Float To Short
Constant: N2=32 Scale: 1

Multiply Const Float To Short
Constant: N2/4=8 Scale: 1

Noise Source
Noise Type: analo..._GAUSSIAN=Gaussian
Amplitude: .000005=5u
Seed: 0

Short To Float Multiply Const
scale: 1 Constant: /N2=3125m

Short To Float Multiply Const
scale: 1 Constant: 1/(N2/4)=125m

outh

Signal Source
Sample Rate: samp_rate=11
Waveform: analog.GR_COS_WAVE=Cosine
Frequency: 100
Amplitude: 1
Offset:
Initial Phase (Radians): 0

QT GUI Frequency Sink
FFT Size: 1024
Center Frequency (Hz): 0
Bandwidth (Hz): samp_rate=1M

a

louth|

Amplitude

» add noise (5-107°) over a full-scale (1) range
‘ : ‘ 7 sine wave (“noise dithering” over sine wave —
noise only will be below LSB)
20 - log19(2) = 6.02 dB/bit resolution impacts
on noise floor

15
Time (ms)

-100

Relative Gain (dB)
I

-120

140

0.0 5.00 1000 1500
Frequency (kHz) 19/42



Averaging for improved resolution

> Noise scales as 1/+/M when averaging over M samples = 4-times sampling rate loss for
1-additional bit

> 10log;o(4) = 6.02 dB/bit

Which input interface is better for sampling a 77500 Hz signal ? a 16-bit sound card
sampling at 192 kS/s or a 8-bit DVB-T sampling at 2 MS/s ?
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Averaging for improved resolution

> Noise scales as 1/v/ M when averaging over M samples = 4-times sampling rate loss for
1-additional bit

> 10log;o(4) = 6.02 dB/bit

Which input interface is better for sampling a 77500 Hz signal ? a 16-bit sound card
sampling at 192 kS/s or a 8-bit DVB-T sampling at 2 MS/s ?

fos = 4P X fy < 10logyo(fss/fs) = 10logip4 x p =~ 6.02 x p
i.e. 10log;o( 10 )/6.02 ~ 1.5 bits: high sampling rate only gains 1.5 bit or 9.5 bit equivalent,

2-106/192000
poorer than sound card (16 bit) result
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Impact of clock jitter

> jitter impact dependent on fastest slope of signal

» minimum impact at signal maximum (amplitude fluctuations)

Vv

Vit 4

v(t) = A- cos(wt) = max(dv/dt) = Aw
Jitter 7 = dv = AwT = 0y, = Awo, & T =p/w =0, = Ady,

22/42



Impact of clock jitter

AD9228

Clock Jitter Considerations

High speed, high resolution ADCs are sensitive to the quality of the
clock input. The degradation in SNR ata given input frequency (fs)
due only to aperture jitter (1) can be calculated by

SNR Degradation =20 x log 10(1/2 x 1t X fa X t;)

In this equation, the rms aperture jitter represents the root mean
square of all jitter sources, including the clock input, analog input
signal, and ADC aperture jitter. IF undersampling applications
are particularly sensitive to jitter (see Figure 57).

ERROR:
5N"?degradation =-20 |Og10(277f;'n0'7—)

ANALOG Quad, 12-Bit, 40/65 MSPS

DEVICES Serial LVDS 1.8 V A/D Converter
\ AD9228 |
A0 e ke B

119 mW ADC power per channel at 65 MSPS.
SNR=70.d8 (to Nyquist)
ENOB=11.3 bits
SFDR =82 dBc (to Nyquist)
Excellent linearity
DNL = £0.3 LSB (typical)
INL=£0.4 LSB (typical)
Serial LUDS (ANSI-644, default)
Low power, reduced signal option (similar to IEEE 1596.3)
Data and frame clock outputs
315 MHz full-power analog bandwidth
2Vp-pinput voltage range
1.8V supply operation
Serial port control
Full-chip and individual-channel power-down modes
Flexible bit orientation

504 6 & pom

Built-in and custom digital test pattern generation

Programmable clock and data alignment
Programmable output resolution

SNR (dB)

130

Figure 1.

RMS CLOCK JITTER REQUIREMENT

16 BITS

14 BITS

12 BITS

10 BITS

ey

ANALOG INPUT FREQUENCY (MHz)

Figure 57. Ideal SNR vs. Input Frequency and Jitter 23/42



Application example: sound card

Assume a local oscillator with S, = —110 dBrad®/Hz phase white phase noise
Assume a 16 (or 24) bit ADC clocked at 192 kHz operating in +1 V range
Impact of clock jitter on a 10 kHz input signal at full scale range ?

-60 £ T T T
0 TR — x0-vexo
Al 10 MHz 6 dBm ——
W 10 MHz -6 dBm ALY FREGUENCY RANGE | FREQUENGY STABLITY o TEuP | PHASE NOISE (Typal ey
-80 |- \&W{'&\ SMA100A, 100 MHz (baseline) 4 e o E'"’ .
! o slels e | 2 H
I 10,101 o (Quartz resonator
~ OBTAR 0. ssorc s 115 142 165 165) 0 S | S| O |'S| O] 'S fverylow phase noise
I L | 10, +60rC Option_-120 150 150 -165|
& 100 20, 7orec| (Quartz esonator, 5th 1o 98 O.T
3 OBTARH 40, v057C 1oHz -to0l-1zswous| s | s [itemal mutier
S ss.+100r¢ ow phase noise
T ver 200z | 50 110 135 53] [Citum tatalae resonator
o 120 | o 15103 O S]31°]%1 3| Jwie equency st
3 (Quartz resonator
© vesi I 20uHz 120150 155 155] 0 S | S| 0[SOS iowto medium freauency snf
c [ +1-200.106
3 VCSIH TGz | 95 |-120]-1a0] 1as] (Quartz resonator, 5 10 91h O T
& 140 | B 50106 s|s s [itemal matiier
-g_ low phase noise
-160 q
Noes Logond
AREl S sandan
it ) 0:opion
cotalod nformalon- lease as or pariculrcal shee.
-180 I I I I I I
0.1 1 10 100 1000 10000 100000 108

frequency offset from carrier (Hz) http://www.ec-m.it/docs/X0-VCX0.pdf
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http://www.ec-m.it/docs/XO-VCXO.pdf

Application example: sound card

1. Assume a local oscillator with S, = —110 dBrad?/Hz phase white phase noise
2. Assume a 16 (or 24) bit ADC clocked at 192 kHz operating in £1 V range
3. Impact of clock jitter on a 10 kHz input signal at full scale range ?

2
> S, = %’ with B integration bandwidth and o, phase standard deviation:

0, =110%/10 x B=1.4-1073 rad if B = fapc

25 /42



Application example: sound card

1. Assume a local oscillator with S, = —110 dBrad?/Hz phase white phase noise
2. Assume a 16 (or 24) bit ADC clocked at 192 kHz operating in £1 V range
3. Impact of clock jitter on a 10 kHz input signal at full scale range ?

2
> S, = %’ with B integration bandwidth and o, phase standard deviation:

Op =V 105-/10 x B=1.4-10"3 rad if B = fabc

» ADC sampling rate — time jitter: 1.4 -1073/(27 x 192000) = 1.2 ns

26 /42



Application example: sound card

1. Assume a local oscillator with S, = —110 dBrad?/Hz phase white phase noise
2. Assume a 16 (or 24) bit ADC clocked at 192 kHz operating in £1 V range
3. Impact of clock jitter on a 10 kHz input signal at full scale range ?

> S, = % with B integration bandwidth and o, phase standard deviation:
0, =110%/10 x B=1.4-1073 rad if B = fapc

» ADC sampling rate — time jitter: 1.4 - 1073/(27 x 192000) = 1.2 ns

» ADC resolution: 2 V//21® =30 pV LSB but 2 V /2% = 120 nV LSB
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Application example: sound card

1. Assume a local oscillator with S, = —110 dBrad?/Hz phase white phase noise
2. Assume a 16 (or 24) bit ADC clocked at 192 kHz operating in £1 V range
3. Impact of clock jitter on a 10 kHz input signal at full scale range ?

> S, = % with B integration bandwidth and o, phase standard deviation:
0, =110%/10 x B=1.4-1073 rad if B = fapc

» ADC sampling rate — time jitter: 1.4 - 1073/(27 x 192000) = 1.2 ns

ADC resolution: 2 V//21% =30 yV LSB but 2 V//22* = 120 nV LSB

> 27 x 10000 x 1.2-1072 = 75 uV: 16 bit ADC lost 1 bit and prevents full resolution of 24 bit
ADC (only 15 bits valid)

v
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Application example: sound card

1. Assume a local oscillator with S, = —110 dBrad?/Hz phase white phase noise
2. Assume a 16 (or 24) bit ADC clocked at 192 kHz operating in £1 V range
3. Impact of clock jitter on a 10 kHz input signal at full scale range ?

> S, = % with B integration bandwidth and o, phase standard deviation:
0, =/105/10 x B =1.4-1073 rad if B = fapc

» ADC sampling rate — time jitter: 1.4 -1073/(27 x 192000) = 1.2 ns

» ADC resolution: 2 V//21® =30 uV LSB but 2 /2% =120 nV LSB

» 27 x 10000 x 1.2 - 1072 = 75 uV: 16 bit ADC lost 1 bit and prevents full resolution of 24 bit
ADC (only 15 bits valid)

> to keep all significant bits of the 16-bit ADC, a noise floor of -118 dBrad?/Hz at least would be
needed

» to keep all significant bits of the 24-bit ADC, a noise floor of -166 dBradz/Hz at least would be
needed
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Application example: RF ADC

1. Assume a local oscillator with S, = —110 dBrad?/Hz phase white phase noise
2. Assume a 12 (or 16) bit ADC clocked at 125 MHz operating in £1 V range

3. Impact of clock jitter on a 5 MHz input signal at full scale range ?
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Application example: RF ADC

1. Assume a local oscillator with S, = —110 dBrad?/Hz phase white phase noise
2. Assume a 12 (or 16) bit ADC clocked at 125 MHz operating in =1 V range

3. Impact of clock jitter on a 5 MHz input signal at full scale range ?

2
> S, = %’ with B integration bandwidth and o, phase standard deviation:

0, = 1/10%/10 x B =35 mrad if B = fapc
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Application example: RF ADC

1. Assume a local oscillator with S, = —110 dBrad?/Hz phase white phase noise
2. Assume a 12 (or 16) bit ADC clocked at 125 MHz operating in =1 V range
3. Impact of clock jitter on a 5 MHz input signal at full scale range ?

2
> S, = %’ with B integration bandwidth and o, phase standard deviation:

o, = \/10%/10 x B =35 mrad if B = fapc

» ADC sampling rate — time jitter: 35-1073/(27 x 125 -10°) = 45 ps
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Application example: RF ADC

1. Assume a local oscillator with S, = —110 dBrad?/Hz phase white phase noise
2. Assume a 12 (or 16) bit ADC clocked at 125 MHz operating in =1 V range
3. Impact of clock jitter on a 5 MHz input signal at full scale range ?

2
> S, = %’ with B integration bandwidth and o, phase standard deviation:
o, = \/10%/10 x B =35 mrad if B = fapc
» ADC sampling rate — time jitter: 35-1073/(2m x 125-10°%) = 45 ps
» ADC resolution: 2 V//212 =490 pV LSB but 2 /216 =30 uV LSB
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Application example: RF ADC

1. Assume a local oscillator with S, = —110 dBrad?/Hz phase white phase noise
2. Assume a 12 (or 16) bit ADC clocked at 125 MHz operating in =1 V range
3. Impact of clock jitter on a 5 MHz input signal at full scale range ?

Sp = % with B integration bandwidth and o, phase standard deviation:

Op =V 10599/10 x B =235 mrad if B= fADC

» ADC sampling rate — time jitter: 35-1073/(27 x 125 -10°) = 45 ps

» ADC resolution: 2 V/ /212 =490 pV LSB but 2 V//2'6 =30 uV LSB

> 27 x 5-10° x 45 - 10712 = 1.4 mV: only 10.5 significant bits

> a noise floor of -143 dBrad?/Hz would be needed to keep all 16-bits (0.8 mrad — 1 ps — 31 uV)

v
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Quantization noise

» samples are uniformly distributed from —q/2 to +q/2 with g the quantization step
» quantization error e distribution

1 [+a/2 1T7e31792 1 3 3
O'EZE(G2): / e2-de:[e} :(q — q>
q.J_qs2 g3 g\3x8 3x8
q

—q/2

2 q2
2 T 12
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ENOB

S, dBV?/Hz x f; Vsr
— ENOB =log, (14 ———12F
6.02 bit/dB °g2< T V12 Fu Srom

Measurement: 5012 load or sine wave on both channels and subtract measurements (remove impact
of common track & hold jitter)

S 1%
flicker

white noise floor

f

l
T
f.=f/2
N s
ENOB: Effective Number Of Bits
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ENOB

S, dBV?/Hz x f;

VEsr

=ENOB =1 1+ —————

6.02 bit/dB °82 ( TV Sﬂoor>

Measurement: 50%2 load or sine wave on both channels and subtract measurements (remove impact
of common track & hold jitter)

— _Ver .
Vg =

s here the target is M =ENOB.

2
. . i o
then the total noise density over the bandwidth is NV; =

fs
Now we express
g V, Vtsr Vfsr
VN = —=—"2L_= so2M =14 ———
TVE T VIR V12 f(2M 1) V12 75 N
Vifsr
= ENOB =M= lo 14+ ——— PYB
. ( VIZ %N, ) ©
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ENOB

S, dBV?/Hz x f;

6.02 bit/dB

Measurement: 50%2 load or sine wave on both channels and subtract measurements (remove impact

of common track & hold jitter)

Power Spectral Density [dBVZIHz]

PhD Carolina Cardenas Olaya, Digital Instrumentation for the Measurement of High Spectral Purity Signals (2017),

= ENOB = log, (1 +

VEsr )
V 12 fN . Sﬂoor

ADC LTC2145 Noise Characterization

Frequency [Hz]

at http://porto.polito.it/2687860/1/Polito_PhD_Thesis.pdf

-100 T

h ,=-107 dBV? —Input Stage Noise, 0 Hz

Nt —ADC Quantization Noise
-110F S il

~
-120F 1
130+ 1
-140 1
-154 dBV2/Hz
-150 1
-160 2 4
S =-167 dBV“/Hz
vq
-170 : ‘ s
10° 10? ig* 10° 108

39/42


http://porto.polito.it/2687860/1/Polito_PhD_Thesis.pdf

ENOB

S, dBV?/Hz x f;

6.02 bit/dB

Measurement: 50%2 load or sine wave on both channels and subtract measurements (remove impact

of common track & hold jitter)

Power Spectral Density [dBVZIHz]

= ENOB = log, (1 +

VEsr )
V 12 fN . Sﬂoor

ADC LTC2145 Noise Characterization

-100 T

h ,=-107 dBV? —Input Stage Noise, 0 Hz

Nt —ADC Quantization Noise
-110F S il

~
2120 1
-130 .
-140 1
-154 dBV2/Hz
-150 -
-160 2 4
S =-167 dBV“/Hz
vq
-170 : ‘ s
10° 10? ig* 10°

Frequency [Hz]

2 V ref, 14 bit ADC: 14 x 6.02 + 10 - log;(125 - 10%) + 10 - log;(2) = 168 dBV?/Hz ideally
but (—154 + 10 - log;(125 - 108) + 1.76)/6.02 = 11.8 bits practically
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Oscillator phase noise
PLL Phase Noise, vy = 10 MHz, v, = 125 MHz

-30
_PO =1dBm
-40 —Py=4dBm -
b_,=-60 dBrad’ _ P =7dBm
-50 b_ =-63 dBrad> ? i
1= P0 =10dBm
-60 —P, =13 dBm}
PO =15dBm

Power Spectral Density [dBrad2/Hz]

i b,=-73 dBradZ J
-100+ b =-75 dB a4 5
_110 1L L L

1072 10° 102 10* 10°

Frequency [Hz]

(a) Input carrier frequency vy = 10 MHz.

PhD Carolina Cérdenas Olaya, Digital Instrumentation for the Measurement of High Spectral Purity Signals (2017),
at http://porto.polito.it/2687860/1/Polito_PhD_Thesis.pdf

02 =S, - BW = BW - 10%¢(45)/10
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Low-pass filtering the ADC measurements

> [IR: Z AkYn—k = Z kan—k
> FIR: y, = > bixp—«
» Delay dependent on N number of coefficients, bits per sample ?
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