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Basic data acquisition system noise calculation
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What 1s effective noise bandwidth?

These filters have equal
noise power
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For more information, watch the Precision Labs video on amplifier noise
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Filtering In a typical signal chain
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Combining filters
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« Combine filters by adding decibel response point-by-point

« Adding frequency responses is transitive: A+ B =B + A
-> position does not matter
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Multi-stage filter freqguency response approximations
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Noise analysis using multi-stage filters

Filter A Filter B Filter C

VN,A: f)

Vispa =10 nV/VHz | |

Vusps = 5 NV/AVHz

Vysp.c = 3 NV/VHz

out

fc o =1 kHz, fc g = 100 kHz,
Nyo=1 Ng =2

Vn(oun = \/ (Vi 'A(OUt))Z T (VN,B(Out))Z + (Vzv,c(out))2 - VNx(out)y = Vnspx *  BWx

- Determine the BW seen by each source to calculate noise
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Determining BW and noise seen by each source

Filter A Filter B

VN,A = ?
Vnspa = 10 nV/VHz

Filter C

VA Sees the combined
BW of Filters A, B, and C

Since fe p <<fcc <<fcp,
then froia1 = fa & Npgign = 1

Calculation Steps for Vi,

BWA = 1.57 *fC,A = 1.57 kHz

VN.acout) = Vnsp,a */ BWy

nVv
=10 *xV1.57 kHz
VHz

Vyg="?
Vyspg = 5 NV/VHz

V\ g sees the combined
BW of Filters B and C

Since f; ¢ <<f. g, then
frotaiz = fc & Nygrap = 1

Calculation Steps for Vg

BWB = 157 *fC,C = 157 kHZ

Vn gout) = Vnsp,p ¥/ BWp

nVv
=5 *V15.7 kHz
VvHZz

= 0.63 ”VRMS

VN,C = ?
Vyspc =3 NVAHz |

O

foc =10 kHz
Ne=1

V.c only sees Filter C

S0, frotaz ® fc & Nygraz =1

Calculation Steps for Vy ¢

BWC = 157 *fC,C = 157 kHZ

VN,C(out) = Vnsp,c ¥/ BW¢

nVv
=3 xV15.7 kHz
vHZz

=0.38 ”VRMS
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Total noise

Vna= 0.4 uVppys
Vispa = 10 nV/VHz

Filter A Filter B

Vg = 0.63 WWeys Ve = 0.38 UVgys
Vusps = 5 NV/AVHz Vyspc = 3 NV/VHz

fc o =1 kHz, fc g = 100 kHz,
Nyo=1 Ng =2

VN(out) — \/(VN,A(out))z + (VN,B(out))2 + (VN,C(out))2

Vicoury = v (0.4)% + (0.63)2 + (0.38)2 = 0.84 uVgys

Filter C
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Simulating the filter system
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Important circuit notes:

« Second-order Butterworth filter designed using Tl's Filter Design Tool

» Ideal op amp used to keep noise analysis simple — more on next slide
« Switches enable simulation of each component and entire system

o eX. Close SW3 to simulate only Filter C
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Simulated results for discrete filters

Frequency Response
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Simulated results for combined filter system

Frequency Response
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Verifying the approximations

Frequency Response (Logarithmic Y-Axis)
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Thanks for your time!
Please try the guiz.



Quiz: Noise bandwidth in ADC systems

1. For the circuit below, what is the effective cutoff frequency seen by signal
source e, to the output Vout?

a.
b. 10kHz
C.

d. 1MHz

1kHz

100kHz

€ena [Filter A

NOm

= 7nV/VHz

f.=1MHz
1% order

1nV/vVHz

d
1" order

Filte N

r

,,,,,,,,,,,,,

Vout

\\\\\
”””””””””””””””””
\\\\\
\\\\\
\\\\\
| | | |

f.= 10kHz
2" order
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Quiz: Noise bandwidth in ADC systems

2. Combining filter stages A, B, and C below form a 1kHz filter. What is the order

of this filter?
a.
b. 2" order
C.

d. 4% order

1st order

3 order
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Quiz: Noise bandwidth in ADC systems

3. The two circuits below are identical except that the position of filter A and B
are swapped. Which circuit will have the lowest noise total noise? Note that
both noise sources are included in the analysis.

a. They are both the same from a noise perspective
b. Option 1 is better
c. Option 2 is better

Option 1 Option 2
= 1nV/VHz 7nV /VHzZ / = 1nv/VHz 7V /VHzZ
f.= 1kHz f.= 1MHz f.=1MH:z f.= 1kHz
1% order 1" order 1% order 1" order
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Quiz: Noise bandwidth in ADC systems

4. For the circuit below, what is the effective cutoff frequency seen by signal
source e, to the output Vout?
a. 1kHz
b. 5kHz
c. 10kHz
d. 20kHz

IFilter A

€ha \

7nV /\Hz

f.= 10kHz f.= 10kHz
1% order 2" order

wip TEXAS INSTRUMENTS 18



Quiz: Noise bandwidth in ADC systems

5. Combining filter stages A, B, and C below form a 10kHz filter. What is the
order of this filter?
a. 1storder
b. 2" order
c. 3" order
d. 4% order

f.= 10kHz
1% order
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Quiz: Noise bandwidth in ADC systems

5. Combining filter stages A, B, and C below form a 10kHz filter. What is the
order of this filter?
a. 1storder
b. 2" order
c. 3" order
d. 4% order

f.= 10kHz
1% order
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Quiz: Noise bandwidth in ADC systems

6. Find the total integrated noise for the circuit below. Include the effects of both
noise sources.

a. 0.079uV rms

b. 0.159uV rms

c. 0.825uV rms fea=1kHz  e,4:=2

d. 126uv ms Vouta =2 2 -‘\/1.57-11:1:{3:0.079;;1«’
e. 2.15pV rms VHz

[Filter A

@_

nV
VHz

\/1.57-1 MHz=1.253 uV

= oy 7 1nV/VHz /

f.= 1kHz f.=1MHz
1% order 1" order

out_Total *= \/VMME +wa32 =1.255 ﬂV
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Thanks for your time!
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Hello, and welcome to the Tl Precision Lab that introduces the
concept of effective noise bandwidth in a signal chain. In this
module, we will discuss what effective noise bandwidth is,
where it comes from in your system, and how to calculate and
simulate the combined frequency response and noise density
of multi-stage filters.

In a subsequent presentation on effective noise bandwidth, we
will analyze a delta-sigma ADC'’s digital filter frequency
response, and its combined affect with a first-order lowpass
filter, to better understand how to calculate total system noise.

The goal for these effective noise bandwidth Precision Labs
modules will be to apply the knowledge from these examples
to help determine the total noise in your next signal chain
design.



Basic data acquisition system noise calculation

VREF
sl
/ AVDD RIéF
0 > AINO
* + Output
V|N Amp VQUT ADC (> Code
AN

_ 2 2 2
VNTotat = \/ Vnamp™ + Vnape™ + Vn rer

VNoise

VHz
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ex. Vy amp = Vioise pensity (NsD) * VBandwidth, Vnsp =

To begin, let’s revisit the simple data acquisition system used
as the basis for the analysis throughout the ADC noise
presentations. We previously made the claim that these three
components, the ADC, amplifier and voltage reference,
generally contribute the most noise in your signal chain. In
order to calculate the total noise of this system, you would take
the root sum square of each component’s individual noise
contribution using the equation shown here. But how do you
calculate the amount of noise each component contributes?
And can you just read noise values directly from each
component’s datasheet?

Unfortunately this is not always possible. Sometimes noise is
given over a specific frequency range, such as 0.1 to 10 Hz,
which may not cover your system’s requirements. Or, as
shown in the amplifier noise equation at the bottom of the




screen, noise can be specified as a spectral density instead of
an RMS or peak to peak value. Noise spectral density
generalizes the relationship between noise power and
frequency and has the units of noise per root Hertz. Therefore,
you need to know the system bandwidth in order to calculate
the amplifier’'s noise contribution in this example. However, the
amount of noise filtering applied to each component is often
different, as multiple filtering stages combine to act on an
individual component. Moreover, the input signal and reference
input paths can behave differently, depending on the filtering
applied. In either case, you must calculate an effective noise
bandwidth for each component in the signal path to determine
its noise contribution.

As stated on the previous slide, the focus of this presentation
will be on understanding the concept of noise bandwidth and
how filters combine to act on one or more noise sources in your
system. Therefore, you will not need a detailed understanding
of ADC, amplifier or voltage reference noise to continue.
However, you can view the Precision Labs modules on these
topics if you want to learn more.

Let’s now quickly review what effective noise bandwidth is.



What is effective noise bandwidth?

These filters have equal

/ noise power \

Amplitude (dB)

ENBW = f¢ (rickwan) = |
1.57* f-3dB =63 Hz 1

Amplitude (dB)

100

1000 10000 01 1 [ 100 1000 10000

Frequency (Hz) Frequency (Hz)

100000

Low Pass Filter Equivalent Brickwall Filter

For more information, watch the Precision Labs video on amplifier noise
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Effective noise bandwidth is a mathematical approximation that helps simplify the calculations that determine how much noise each component
passes into a signal chain. The effective noise bandwidth of any component or system is the cutoff frequency of an ideal, brickwall filter whose
noise power is approximately equivalent to the noise power of the original filter. The “brickwall” approximation accounts for non-ideal filters
allowing frequencies beyond the cutoff pass into the rest of the system. Using this method provides a much more accurate result when
calculating the total amount of noise that is able to pass through the filter.

For example, the 40 Hz lowpass filter shown on the left side of this slide has an effective noise bandwidth of 63 Hz, as shown in the plot on the
right. The scaling factor of 1.57 is an approximation for determining a first-order lowpass filter’s effective bandwidth from its cutoff frequency.

For more information about how this scaling factor is derived
as well as calculating the cutoff frequency for different filter
types, please review the Precision Labs modules on amplifier
noise.

Let’'s now take these principles and apply them to an entire
system.




Filtering in a typical signal chain

Sensor EMI Amplifier Anti-Alias
Bandwidth Filter Bandwidth Filter

I S

[ N

|
AV
Voltage 1
Reference I | Buier

Lowpass
Filter

ADC'’s Digital Filter

VREF BW Buffer BW
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Here is a more complete view of a typical analog signal chain,
showing two distinct input paths. Each stage in these paths
has some definable bandwidth that acts as a filter

The signal chain filter path can include the bandwidth of the
sensor being measured; the cutoff of any electromagnetic
interference (EMI) filters; the bandwidth of any amplifiers in the
signal chain; the cutoff frequency of the anti-aliasing filter; and
finally, any digital filters integrated into an ADC. The second
input path is from the voltage reference, which also has some
definable bandwidth, and generally includes a lowpass filter at
the output to limit how much voltage reference noise enters
the system. A buffer might also be included to ensure proper
settling and ADC performance for higher-speed data
acquisition.




Not all filter types need to be included in every data acquisition
system. For example, both wideband and low speed delta-
sigma ADCs integrate a digital filter as part of their conversion
architecture, whereas SAR converters typically do not.
Additionally, all of these components contribute some noise to
the circuit, as well as help filter noise from previous stages. As a
result, it is possible that the ADC noise will have a different
noise bandwidth compared to the amplifier, for example.

So how can you determine the effective noise bandwidth seen
by each component in both the signal and reference paths
shown here? And how does this help you calculate the noise
performance of your system? To answer these questions, it is
necessary to understand how to combine different filtering
sources using frequency response plots.



Combining filters

Filter A Filter B Combined Response

+
|

Frequency (Hz)

req
1 1 I 1
0 ! -20 0 : -20 0 ; -20 : -40
dB/dec dB/dec dB/dec ] dB/dec dB/dec | dB/dec dB/dec

* | ]

+ Combine filters by adding decibel response point-by-point

+ Adding frequency responses is transitive: A+ B=B + A
- position does not matter
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Shown here are two arbitrary frequency response plots for
Filter A in red and Filter B in blue. Filter A could represent the
EMI filter shown on the previous slide, while Filter B could
represent the anti-aliasing filter, for example.

To determine the cumulative affect of both filters, you can
combine them by adding their decibel responses point-by-
point. The purple plot on the right side of the screen represents
this combined response. Note that the combined response
looks like Filter A until approximately 10 kHz where it begins to
roll off at -40 dB per decade. Also note that while only simple,
first-order lowpass filters are shown here, combining filters of
any type can be completed using this technique assuming that
each plot is expressed in decibels. Moreover, this technique
can be applied to more than two filters.




Also, since you are adding point-by-point, the position of Filter A
compared to Filter B does not matter. If Filter B was actually the
EMI filter and Filter A was the anti-aliasing filter shown in the
signal chain on the previous slide, filtering seen by a noise
source prior to the EMI filter would still be represented by the
combined response shown here. This result is important as it
allows you to approximate your system’s effective bandwidth
given various filter types, regardless of the position of those
filters in your signal chain. We will explore some of these
approximations on the next slide.



Multi-stage filter frequency response approximations

fea=1kHz, Ny=1 fog =100 kHz, Ng =2 fetotar = 1 kHZ, Npgip = 1

/

ol ~ 15-order
(-20 dB/dec)

If 10*fc 5 < fe 5,
then fe roa = fo
&

Nrotal = Na

fC‘A= 1 kHZ, NA =1 fc_a =11 kHZ, NB =2 fCATOta| =1 kHZ, NToIaI =3

If fo o = fc g, then

~ S'G-t;rder f =~f =f
(:60 dB/dec) C,Total C,A CB

Ga
Gain (dB)

Iy &

3 2
Ga

Nrota = Na + N
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In general, you can approximate the combined frequency
response of two or more filters as just the cutoff, f-, and order,
N, of the filter with the lower cutoff frequency. These
approximations are valid when there is a difference of greater
than or equal to one decade between filter cutoff frequencies,
as the systems on this slide show.

For example, the top row of plots shows that Filter Ain red has
a cutoff frequency, f-,, of 1 kHz and an order, N,, equal to one,
while Filter B in blue has a cutoff of 100 kHz, f-g, and an order,
Ng, equal to two. Using the point-by-point addition method
introduced on the previous slide, the combined frequency
response in purple is very similar to just Filter A’'s frequency
response in terms of both cutoff frequency and filter order. You
may note that the combined frequency response is affected by
Filter B, though this does not occur until a gain of -40 dB and a




frequency of 100 kHz. From a noise perspective, this means
that Filter A has attenuated the bulk of the noise power before
Filter B starts to affect the circuit, so using Filter A as an
approximation for the total response is acceptable. Also, due to
the transitive property of combining filter responses discussed
on the previous slide, if Filter B came before Filter A in your
signal chain, the combined response and the resulting
approximation would be the same. Moreover, if Filter B had a
much lower cutoff compared to the Filter A, the approximation
still holds true, though Filter B’s cutoff frequency and filter order
would dominate in this case.

However, if this condition is not satisfied and the two filters had
similar cutoff frequencies, you can no longer apply the
approximations. Instead, you must add the frequency
responses of all filters and use the resulting combined plot to
apply to your noise source. This is shown in the bottom row of
plots, where Filter A has a cutoff of 1 kHz and N, equals one
while Filter B has a cutoff of 1.1 kHz and Ng equals two. The
resulting plot has a cutoff frequency that is approximately equal
to 1 kHz with an effective filter rolloff of -60 dB per decade. This
much steeper rolloff means that N, is equal to three, or just
the sum of both filter orders.

Now that you understand when and why these approximations
are valid, as well as how to calculate the noise bandwidth of a
lowpass filter, let’s apply these principles to a design example.



Noise analysis using multi-stage filters

Filter A Filter B Filter C

Via=?
Vispa = 10 n"VAVHz

~

Vig="? Vg =7 )
Vinsoe = 5 NV/IVHzZ Vispe = 3 N'VAHz

(%)
\E/

fC‘A =1 kHZ, fC‘B =100 kHZ, fC,C =10 kHZ,
N, =1 Ng = 2 Ng = 1

VN(out) = \/(VN,A(ouc))z + (VN,B(out))z P (VN,C(aur))z ’ VN,x(out) = VNSD’I * v BWx

- Determine the BW seen by each source to calculate noise
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Shown here are three arbitrary filter responses and three
arbitrary noise sources. These components could represent
any part of the typical signal chain discussed earlier in this
presentation, such as the EMI filter, the gain amplifier, and the
anti-aliasing filter. Additionally, each noise source has a noise
spectral density that represents real components used later in
the simulation portion of this module.

Similar to the example at the beginning of this presentation,
determine the total noise of this system by taking the root sum
of squares of each stage’s noise. To calculate the noise of
each stage, you multiply the given noise spectral density by
the square root of the system bandwidth seen by each source,
as shown. You can use the principle of superposition as well
as the techniques presented throughout this module to
calculate the combined filter response seen by each source




and the resulting bandwidth to calculate total noise.

To begin, let’s look at the frequency response seen by each
source.



Determining BW and noise seen by each source

Filter A Filter B Filter C

* Vy a sees the combined
BW of Filters A, B, and C

* Since fg 4 <<foc <<fcp,
then froan = fo & Nyora = 1

* Vg sees the combined
BW of Filters B and C

e=?
Vysps = 5 NVIVHZ

+ Since fg ¢ <<f¢ g, then
frotaiz = fo & Nyogarz = 1

* Vyc only sees Filter C

* 80, frotais = fo & Nygaiz =1

Calculation Steps for Vy, »

BW, = 1.57 * fo.4 = 1.57 kHz

Vn,atouty = Visp,a ¥/ BWy

nV
=10—=+V1.57 kHz
VHz

=0.4 p‘.vkms

Calculation Steps for Vg

BWg = 157 » for = 15.7 kHz
Vn.B(outy = Vnsp,p * | BWg

nV
=5—=%*V15.7 kHz
VHz

=0.63 uVpys

Calculation Steps for V¢

BW, = 1.57 * fo¢ = 15.7 kHz
Vn.ctouty = Vvsp.e *  BW¢

nV
=3—=*v15.7kHz
VHz

= 0.38 uVpys
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On the top portion of this slide, noise source A sees all of the
downstream filters, so you must calculate the combined
response by adding each filter point-by-point. However, note
that Filter A’s cutoff frequency is at least one decade lower
compared to either Filter B or Filter C, so you can approximate

the combined frequency response as just Filter A's

cutoff

frequency and order. In this case, a first-order lowpass filter

with a cutoff frequency of 1 kHz. Since Filter Ais a

first order

lowpass filter, you can use the effective noise bandwidth
equation shown at the beginning of this presentation to
determine the bandwidth for this system. As shown, this
bandwidth is calculated to be 1.57 kHz. Plugging this

bandwidth value into the noise source A's equation
RMS voltage noise of 0.4 uV.

yields an

In the middle, noise source B sees the response from multiple




filters just like noise source A. In this case, Filter B and Filter C.
Also similar to the analysis for noise source A, noise source B
has one filter that dominates the combined frequency response,
though this time it is Filter C. Since Filter B’s cutoff frequency is
an order of magnitude greater than Filter C’s, you can
approximate the frequency response seen by noise source B as
just Filter C: a first-order lowpass filter with a cutoff frequency of
10 kHz. Applying the same bandwidth approximation for a first
order lowpass filter used for noise source A, the bandwidth
seen by noise source B is 15.7 kHz. This results in an RMS
noise voltage of 0.63 pV.

Finally, on the bottom of the slide, noise source C is very
straightforward since it only sees the frequency response from
Filter C. You can therefore use the 15.7 kHz bandwidth derived
for Filter B to determine that noise source C adds an RMS
voltage noise of 0.38 pV to the system. Now that you have
determined the noise of each component, you can apply the
root sum of squares to calculate the total noise.



Total noise

Filter A

Via= 0.4 uVrys
Vnspa = 10 n"VINHz

~

fC‘A =1 kHZ,
N, =1

Vg = 0.63 UVrus
Vispe = 5 nVINHz

Filter B

Ve = 0.38 pVrys
Vispc = 3 NV/VHz

(*)

fog = 100 kHz,
Ng = 2

VN(our) = J(VN,A(out))z + (VN,B(out))z i (VN,C(out))z

Vicouty = v (002 + (0.63)2 + (0.38)% = 0.84 uVpyys

Filter C

VOUt

fo.c = 10 kHz,
NC =1
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Shown here is the original system used in this example with
the voltage noise of each source identified. Taking the root
sum of squares of the voltage noise for each component, the
total voltage noise of this system is equal to 0.84 yV RMS.

However, you might wonder how this compares to a simulated
example using actual component values. Several assumptions
were made regarding the filter order and bandwidth of each
stage to reach the results shown on this slide, which begs the
question, “how close are these approximations to the actual

system noise?”




Simulating the filter system

Filter A

\-—i fo =1k

swi

fc=1k 1k_out fc = 100k

N
T
I

\-—| fc =100k

1
1
1
I
-[ i
sw2 : AN
1
|
1
1
1
1

——~\-—| fc =10k

SwW3

%

Cf) VG20

Important circuit notes:

+ Second-order Butterworth filter designed using T1's Filter Design Tool
+ Ideal op amp used to keep noise analysis simple — more on next slide

» Switches enable simulation of each component and entire system
o ex. Close SW3 to simulate only Filter C

100k_out  fc =10k

i i s i

SW5

I 1
1 1
1 1
1 1
I 1
[ o] e 1
1
\, lRBSOZ .IT
I 1
I 1
I 1
I 1
I 1
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The schematic shown here is a real-world implementation of
the filter system on the previous slide. Filter A and Filter C are
simple first-order lowpass filters comprised of a resistor and a
capacitor. Filter B is a second order lowpass Butterworth filter
designed using Texas Instrument’s online Filter Design Tool.
You can access this tool to create your own filters at the link on
the screen. An ideal amplifier was chosen for Filter B in lieu of
using a real amplifier to keep the noise analysis simple. This
choice will be explained in more detail on the next slide.

The switches at the output of the voltage source as well as the
switches between the filters enable simulation of the entire
system as well as each individual component. For example, to
determine the voltage noise density for just Filter C, you would
close switch 3 only. These switches are only included to make
the analysis simpler, and would not need to be included in a




real design.

Now, let’s analyze the simulated results.

10



Simulated results for discrete filters

Noise gain, not

signal gain
Frequency Response Noise Spectral Density
0 % 5n— [ i 3

/ s bemetinin :
V, =
100k_out fe_100x = 99.72 kHz, 100k_out - NSD_100k
2nd-order (-40 dB/dec) 5.03 nVNHz
-80 0]
B 3n \
10k_out j fo_1oi = 9.99 kHz, 10k_out ] Yo ™
a j 1storder (-20 dB/dec) nV/vHz
-8 0—
10n — \
1k_out - fo_qi = 997 Hz, 1k_out ] Viiso_ik =
1 1s-order (-20 dB/dec) 10 nV/VHz
-80— ol

T T T T T e T UL AL B R AL L B AL B R R |
10k

IIHI‘ T \IH\H‘ m T TT] T T T 1 m
10 100 1k 100k 1MEG 10MEG 10 100 1k 10k 100k TMEG 10MEG
Frequency (Hz) Frequency (Hz)
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This slide shows six plots to confirm the performance of each
filter. Note that for all the plots shown here, switches one
through three on the schematic were closed, while switches
four and five were left open. This enables each filter to be
analyzed separately to determine their individual
characteristics.

On the left, the three frequency response plots confirm the
cutoff frequency and order for each filter. The figures on the
right plot the noise spectral density for each filter. Note that the
chosen component values yield noise spectral densities that
match those used in the theoretical example. As stated on the
previous slide, an ideal op-amp was chosen for the second-
order filter because a real amplifier would add complexity to
this system. You can see on the yellow plot on the top right
that there is already a slight increase in noise spectral density

11



around the cutoff frequency even when using the ideal op amp.
This discrepancy results from impedance in the feedback path
causing a noise gain, not a signal gain, that would be
exacerbated by a real amplifier. In a real-world application, it
would be necessary to account for these variables, but for the
purposes of understanding the concepts in this module it can be
ignored.

Now that we have confirmed the simulated filter parameters
match the theoretical example, let’s look at the performance of
the combined system and compare to the calculated results.

11



Simulated results for combined filter system

Frequency Response
al
07

order

~1st
-50—] fe_tota = 937 Hz (-20 dB/dec)

~2M-order
(-40 dB/dec)

=
T

Gain (dB)

-150—

-200

T UL T T UNURRRRLL

~4th-order
(-80 dB/dec)

T T T T
10 100 1k 10k 100k
Freqguency (Hz)

TTT =T
1MEG

T
10MEG

Total noise (V)

BN e

0

Total Noise

10

IR T TTTTT

100

m T T TTTT

1k

H‘ T T !IHIE T J\Ii\ll‘ T T T[T
10k 100k 1MEG
Frequency (Hz)

T
10MEG
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Here are the key plots for the simulation of the combined filter
system. The frequency response plot on the left shows a
system cutoff of 937 Hz, while the voltage noise plot on the
right shows 0.82 uV of RMS voltage noise. Comparatively, the
theoretical model predicted a filter cutoff of 1 kHz and 0.84 pV
of RMS voltage noise, so the assumptions about which filter
dominates in a multi-stage filter system proved to be valid with
an error of only 20 nV.

This small discrepancy between the theoretical calculations
and the simulated data results from the assumption that the
system frequency response would depend solely on the filter
with the lowest cutoff frequency. In reality, this was not
completely accurate, such that the downstream filters actually
did affect the cutoff frequency. Moreover, the shape of the
frequency response curve suggests that approximating the

12



combined filter as first-order was inaccurate. You can see that
the combined filter starts to roll off at -20 dB per decade at -20
dB of gain and at -80 dB per decade at a gain of -120 dB,
representing a fourth-order system.

So how is it possible that there is such a small error between
predicted and simulated noise if the combined response is so
dissimilar from a simple first-order lowpass filter?

12



Gain (dB)

Verifying the approximations

Frequency Response (Logarithmic Y-Axis)

~1st-order

50— (-20 dB/dec) /
]
]
|

~2M-order
(-40 dB/dec)

Filter A only
il

~1storder

/

~4th-order
(-80 dB/dec)

-150—

-200 L L R L B R

(-20 dB/dec)

| T T
1k 10k 100k

Frequency (Hz)

TTTTIT T
10 100 1MEG

T

1)
1

OMEG

Frequency Response (Linear Y-Axis)

750m —

500m —

Voltage (V)

250m —

Filter A only

/

Combined response /.
T yi

™~

0 T T
10 100

Hll
10MEG]
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T T 1117
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In fact, you can see this issue more clearly by overlaying the
first-order response from Filter A on the combined response,
as shown in the plot on the left. Fortunately, this apparent
issue actually results from the way these curves are displayed,
not the behavior of the filters. Specifically, the logarithmic y-
axis on the plot on the left exacerbates the difference between
these two curves, making them seem more dissimilar than
they actually are. If you were to use a linear y-axis instead,
you would get the plot on the right. Note how the combined
response and Filter A by itself look almost identical using a
linear y-axis. Importantly, note that the vast majority of the
noise power has been attenuated by 10 kHz in either case.
This means the downstream filters have little to no effect on
the overall response, even though the combined filter order
changes from first to second to fourth.

13



Ultimately, these results prove that you can use the frequency
response approximations and methods employed in this
presentation to quickly and confidently analyze the noise of your
next signal chain. You are also prepared to use simulation
techniques to confirm the validity of these hand calculations, as
well as account for any non-idealities similar to the ones seen
with the second order lowpass active filter.

Check out the next video in this series to understand how to
calculate the effective noise bandwidth for the digital filter
commonly found in delta-sigma ADCs. This filter type presents
a unique challenge that must be understood in order to
calculate the total noise of a system using a delta-sigma ADC.

13



Thanks for your time!
Please try the quiz.
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That concludes this video. Thank you for watching. Please try
the quiz to check your understanding of this video's content.
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Quiz: Noise bandwidth in ADC systems

1. For the circuit below, what is the effective cutoff frequency seen by signal
source e, to the output Vout?
a. 1kHz
b. 10kHz
c. 100kHz
d. 1MHz

€na

=7nV/VHz ~ 1nV/VHz 2nV/VHz

f.=1MHz f.=1kHz f.= 10kHz
1* order 1™ order 2™ order
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The correct answer is “a”, 1kHz. When several filters are
cascaded the cutoff frequency will be equal to the cutoff of the

lowest filter.

15



Quiz: Noise bandwidth in ADC systems

2. Combining filter stages A, B, and C below form a 1kHz filter. What is the order
of this filter?
a. 1storder
b. 2 order

c. 3" order

d

. 4t order

f.=1MHz f.= 1kHz f.= 10kHz
1* order 1™ order 2™ order

w3 Texas INSTRUMENTS | 16

The correct answer is “a”, 1st order. When several filters are
cascaded and the cutoff frequencies are significantly different,
the order of the lowest cutoff filter will dominate. In this case
the qualifier “significantly different” means the cutoff
frequencies are apart by a one decade or more.

16



Quiz: Noise bandwidth in ADC systems

3. The two circuits below are identical except that the position of filter A and B
are swapped. Which circuit will have the lowest noise total noise? Note that
both noise sources are included in the analysis.
a. They are both the same from a noise perspective

b. Option 1 is better
c. Option 2 is better

Option 1

f.= 1kHz f.=1MHz
1% order 1™ order

Option 2

out

f.= 1kHz
1™ order
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The correct answer is “c”, “option 2 is better”. If you look at
option 1, you will notice that the 7nV/rtHz source is followed by
a 1MHz filter. On the other hand, option 2 follows the 7nV/rtHz
source with a 1kHz filter. Option 1, will allow more noise to
reach the output so option 2 is better. Note that from the
perspective of the input 1nV/rtHz source the filter sequence
doesn’t matter so both options are equivalent from the input

noise source perspective.
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Quiz: Noise bandwidth in ADC systems

4. For the circuit below, what is the effective cutoff frequency seen by signal
source e, to the output Vout?
a. 1kHz
b. 5kHz
c. 10kHz
d. 20kHz

€na

N

= 1nV/VHz
f.= 10kHz f.= 10kHz
1* order 2" order
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The correct answer is “c” 10kHz. The general rule is that when
two cutoff frequencies of two cascaded filters is the same the
cutoff stays the same. In reality the cutoff will shift to a slightly
lower frequency but there is no simple equation to predict the
frequency. Typically this result is sufficient for a good rough
estimate and the more precise result can be calculated using

spice.
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Quiz: Noise bandwidth in ADC systems

5. Combining filter stages A, B, and C below form a 10kHz filter. What is the
order of this filter?
a. 1storder
b. 2nd order
c. 3™ order
d. 4t order

€na

O

= 1nV/VHz
f.= 10kHz f.= 10kHz
1* order 2" order
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The correct answer is “c’, third order. The general rule here is
that if two cascaded filters have approximately the same
frequency the orders will add. Since the cutoff for these filters
are both the same, the orders will add. So, the first order plus
the second order yields a third order filter.
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Quiz: Noise bandwidth in ADC systems

5. Combining filter stages A, B, and C below form a 10kHz filter. What is the
order of this filter?
a. 1storder
b. 2nd order
c. 3™ order
d. 4t order

€na

O

= 1nV/VHz
f.= 10kHz f.= 10kHz
1* order 2" order
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The correct answer is “c’, third order. The general rule here is
that if two cascaded filters have approximately the same
frequency the orders will add. Since the cutoff for these filters
are both the same, the orders will add. So, the first order plus
the second order yields a third order filter.
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Quiz: Noise bandwidth in ADC systems

6. Find the total integrated noise for the circuit below. Include the effects of both

noise sources.
a. 0.079pV rms
0.159uV rms
0.825uV rms
1.26pV rms
2.15uV rms

® a0 o

= 2nV/VHz

1nV/VHz

f.=1MHz
1™ order

fea=1kHz

nV

VrmM =2
\VHz

fep=1MHz

nV
Hz

Voun=1

Vrmc__Toml =y VrmtA2 G V{mll? 2= 1.255 FV

nV

VHz

-V 1.57.1 kHz =0.079 pV

€ng = 2

nV

VHz

«\/1.57.1 MHz =1.253 pV

CpAt= 1
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The correct answer is “d”, 1.26uV rms. The calculations for
this problem are shown on the right. From filter “a”
perspective the combined filter is a first order 1kHz filter.
Using this information the total noise at the output from the
2nV/rtHz source is 0.079nV rms. The 1nV/rtHz noise source
sees a 1MHz filter. The output noise for this source is 1.25uV
rms. Combining both output noise values using the root sum

of the square gives about 1.26uV rms.
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Thanks for your time!
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