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Oversampling converters (chapter 14 EF:F

s"o

FI
For high resolution, low-to-medium-speed  mgee— _

applications like for example digital audio e o
Relaxes requirements placed on analog
circuitry, including matching tolerances and Qe e

amplifier gains
Simplify requirements placed on the analog anti- -{ =
aliasing filters for A/D converters and smoothlng--_
filters for D/A converters.

Sample-and-Hold is usually not required on the
input

Extra bits of resolution can be extracted from
converters that samples much faster than the
Nyquist-rate. Extra resolution can be obtained
with lower oversampling rates by exploiting
noise shaping

resolution

Resolution and clock cycles per sgfaple; \
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clock cycles/ sample

. Dependence of achievable resolution and required clock cycles per

sample for various ADC SySICIMS. s o soossmare cmcvm, v 5 v o ocrean oo

A Gigasample/Second 5-b ADC with On-Chip Track
and Hold Based on an Industrial 1-pm GaAs
MESFET E/D Process

Richard Hagelawer, A Merber, ILH Fra \(OCM ", Gl bnRhmrr Josef Saucrer.
and Dieter Scitzer, v Mlember. 1K)
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Nyquist Sampling and Oversampigfgj ¢

e

« Figure from 2=
[Kest05]

« Straight over-
sampling gives

fs QUANTIZATION
{ an SNR
NYQUIST NOISE = q W12
— H
—o[anc ] CPERATION - q=1LsB improvement of
% & 3 dB / octave
: . fs>2f, (2f, =
e Nyquist R
B *Kfs + DECIMATION "5 DIGITAL FILTER yquist Rate
___[ nncl [ %IIE‘FE% |DEc]—— REMOVED NOISE * OSR =f/2f,
& g . * SNRmax =
2 2 6.02N+1.76+

10log (OSR)




Oversampling (without noise shaping)

-Total sty er gitt av:
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» Doubling of the sampling frequency increases the dynamic
range by 3 dB = 0.5 bit.

* To get a high SNR a very high fs is needed = high power
consumption.

» Oversampling usually combined with noise shaping and
higher order modulators, for higher increase in dynamic range
per octave ("OSR”)

SNRmax = 6.02N+1.76+10log(O aBj
SNR improvement 0.5 bits / octave™= & i

20
18
16

14
12
10 Columni
10log{OSR)
I Column2
16 32 64

ON O ®
|
N




Ex. 14.3

Given that a 1-bit A/D converter has o 6-dB SNR, what sample rate is
reqe i 4

EXAMPLE 14.3

pling (without nok gives 3 dB/octave where | octave
s doubling th / 30 dB divided by 3 dB/octave,
o ‘II Thu is

This example shows w |'.L n h g is ed o ||np e the SNR
Taster than 3 dBfoctave ’u\u{ H s hig hI impractic

. Oversampllng improves signal-to-noise
ratio, but not linearity

* Ex.: 12-bit converter with oversampling
needs component accuracy to match
better than 16-bit accuracy if a 16-bit linear
converter is desired

[ 1

» Advantage of 1-bit D/Ais that it is
inherently linear. Two points define a
straight line, so no laser trimming or
calibration is required

* Many audio converters presently use 1-bit
converters for realizing 16- to 18-bit linear
converters (with noise shaping).




more dramatic improvement in dynamic range each time the
sampling frequency is doubled.

» The sigma delta modulator converts the analog signal into a
noise-shaped low-resolution digital signal.

» The decimator converts to a high resolution digital signal

XAt Xl xail) XggmiN Xilm)

Antl- Sampl
— aliasing and-
filter hoild

Digital ]
low-pass [~ l OosSR &
filter fy -

' » ha 1 fit .
Analog =8 BplL L Decmalion Hiar s B Ee

Fig. 14.5 Block diagram of an oversampling A/D converter

Multi-order sigma delta noise sha (s,
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Nyquist Sampler (1 bit) Third Order A Modulator

Second Order XA Modulator

First Order XA Modulator

Oversampler

fg Frequency Fg/2

Note: Higher order Noise Shaper has less baseband noise




Ex. 14.5 "point”:

(6L+3)dB or (L+0.5) but“' "

SNR [dB]
160
140
120
100

20

&0

40

20

0

increase in DR.
» L: sigma-delta order

e 6 db Quantizer, for 96 dB
SNR:

 Plain oversampling: f;=54
GHz
» 1storder: f;=75.48 MHz

-20

—T—
19 4 A 1A 39 A4 19A 95A 5191024

Oversampling Rate e 2nd order: fS= 5.81 MHz

3 a) (Weight 10 %)

A sampled signal is bandlimited to f; = 22 kHz What is the sampling frequency. f. for an
oversampling ratio ("OSR”) of 1287

A 1-bit analog-to-digital converter ("TADC”) has an inherent 6-dB SNR. Which maxinmm SNR is
acquired by combining it with strict oversampling and an OSR of 128, if no neise shaping is used?
What is the maximum SNR in the similar case exploiting 2™ order noise shapi 127

Ifa 1-bit ADC usmg 3% order noise shaping has a maximum SNR of 125 dB for an OSR of 128, what
is the expected maximum SNR if the OSR is reduced to 327

Nyquist Sampling, Oversampling,

i
NYQUIST
ADC OPERATION

OVERSAMPLING
+ DIGITAL FILTER
l“fs + DECIMATION *fs

B
DIGITAL
—-| ADC |—>| IGITAL | DEC I—»

OVERSAMPLING
+ NOISE SHAPING
Kfg + DIGITAL FILTER |fg
‘ + DECIMATION *

DIGITAL
on|_'| FILTER |°E°| >

C
—Lu

Shaping

QUANTIZATION .
. NoisE=q T2 ¢ Figure from
I°' [Kest05]
L « Straight over-
sampling gives
_— DIGITAL FILTER an SNR
REWMOVED NOISE improvement of
s g Y 3 dB / octave
2 2 o fs>2f, (2f, =
Nyquist Rate
REMOVED ¢ OSR= fS/ZfO
NOISE
” e SNRmax =
I Kis Kfs
2 2 6.02N+1.76+

10log (OSR)




e 2 Xincrease in
1% M - (6L+3)dB
or (L+0.5) bit

increase in DR.
* L:sigma-delta
order

Dynamic Range (dB)
3
Resolution (Bits)

* Oversampling
{a and noise
shaping

0 4 8 16 32 64 128 256 512
Oversampling Ratio, M

Xt Xt min)

Digital -

= low-pass [—¥ l OSR [
. filter fs T

. ecimation filter L

Fig. 14.5  Block diagram of on cversampling A/D o

The anti aliasing filter bandllmlts the input signals less than
fJ2.

The continous time signal x.(t) is sampled by a S/H (not
necessary with separate S/H in Switched Capacitor impl.)

The Delta Sigma modulator converts the analog signal to a
noise shaped low resolution digital signal

The decimator converts the oversampled low resolution digital
signal into a high resolution digital signal at a lower sampling
rate usually equal to twice the desired bandwidth of the

desired input signal (conceptually a low-pass filter followed by
a downsampler).

— aliasing —pm :md-
filter hoid |t | ™

Anabog

10



Noise shaped Delta Sigma Modulator & Ce 552
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u;1Til;'lj:-f:;a::::.::.;.‘?;:,;,|, AR ANComd Figure 1.5: Noise-shaping function for the AZ modulator shown in Fig. 1.4.

L NTRER2

S+e(z) =[H(2)/1+H(2)] (eq. 14.15) N1x(z) = [1/1+H(2)]

Y(2) = S1e(2) U(2) + Nie(2) E(2)

H(z) = 1/z-1 (discrete time integrator) gives 1st order noise shaping
S1e(2) = [H(@)/1+H(2)] = U/(z-1)/[1+1/(z-1)] = z**

Nie(z) = [V/1+H(2)] = V[1+1/(z-1)]1 = (1 -z

* The signal transfer function is simply a delay, while the noise
transfer function is a discrete-time differentiator (i.e. a high-pass

filter)
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14.2 Oversampling with noise shaping g=f~3
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Second-order noise shaping N Sy
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* Given that a 1-bit A/D
converter has a 6 dB
SNR, which sample rate
IS required to obtain a
96-dB SNR (or 16 bits)
if f, = 25 kHz for straight
oversampling as well as
first-and second-order
noise shaping?

Oversampling with 116~
noise shaping: From
ex. 14.3 we know that
straight oversampling
requires a sampling
rate of 54 THz.

(6.02N+1.76+10 log
(OSR) =96

<->

6 + 10 log OSR = 96)

<->10log OSR =90

13



Ex. 14.5 /’—

SNR, ., = 6.02N + 1.76 - 5.17 + 30log(OSR) (1428

xinj

uin) O+ n _'_l‘rr ym
We see here tha i R gives an SN a first-order mod “ y
ulator of 9 dB « 1 gain of 1.5 It should be com Quantizer
pared 1o the (.5 bits/octave when ampling with no noise shaping. =

Fig. 14.7 A firstoeder noise-shaped interpolative medulater

» Oversampling with 1st order noise shaping:
* 6-5.17 + 30 log(OSR) = 96 OSR = f, / 2f,
* 30log (OSR) =96 -6 +5.17 =95.17
A doubling of the OSR gives an SNR improvement
of 9 dB / octave for a 1st order modulator;
95.17/9 =10.57 210.56 x 2*25 kHz =
:log(OSR)=95.17/30 = 3.17 - OSR = 1509.6
1509.6 * (2*25kHz) =

Ex. 14.5

SMA,,, = 6.02N + 1.76- 129 + 50log(OSR) |

;) ST L
1

| Fig. 1410 Secondorder AT modulator

» Oversampling with 2nd order noise shaping:
« 6—12.9 + 50 log(OSR) = 96 OSR =fs/ 2f,
 50log (OSR)=96-6+12.9=102.9

A doubling of the OSR gives an SNR improvement
of for a 2nd order modulator;

102.9/15 =6.86 2686 x 2*25 kHz = 5.81 MHz

14



i CUANTTER nnu,nul\l o — . _ I
= S LT I e T . ll
I - . |
........................ i L
gn .'\_ |
;ro "‘ II
Eu "! |
- ". |
|
a W ' 0
BAMPLING FREQUENCY [Mhe|
Fig 14, Maximum operating frequency,
-
L o 1
Fig, 10, Second order Z4 modulator implementation. ‘o -
o ) . § N
oo | s
g + SHR _,«.':_‘ - g - == = = DEAL MODULATOR
27"‘ + TSNR /)"' . | L MEASLENENT
Er - " ”
] A T T T T 1
2 80 // | o, M
gnn ’I/." 15, Drynamic 'mﬁ;rﬁmzﬂmmmpﬁng ratio for a
= ol
.1 A ——
oy . - .
The Design of Sigma-Delta Modulatio
E I P A fot
NPT LEVEL 48] Analog-to-Digital Converters

Fig. 13, Measured SNR for a sampling frequency of 4 MHz and a

signal frequency of 102 kHz.

BERNHARD E. BOSER, S1unesT snsar, (005, avn BRUCE A WOOLEY, atow, i

14.3 Sy
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Fig- 14.14  Block diogram of on oversampling A/D converter.
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Frequency

Docts

e X(t) is sampled and hel
resulting in xg,(t).

*  Xg(t) is applied to an A/D
Sigma Delta modulator which
has a 1-bit output, X3,(n).
The 1-bit signal is assumed to
be linearly related to the input
X.(t) (accurate to many orders
of resolution), although it
includes a large amount of
out-of-band quantization noise
(seen to the right).

« Adigital LP filter removes any
high frequency content,
including out of band
guantization noise, resulting in
X;p()

*  Next, X,(n) is resampled at
2f, to obtain X (n) by keeping
samples at a submultiple of
the OSR

15



System Architectures (D/A)
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RN .

Time i Frequency

Fig. 14.17 Signols and spectra in an oversampling D/A converter

The digital input, X(n) is a multi-bit S|gnal
and has an equivalent sample rate of 2f,
where fy ,is slightly higher than the
highest input signal frequency.

Since X,(n) is just a series of numbers
the frequency spectrum has normalized
the sample rate to 2.

The signal is upsampled to an equivalent
higher sampling rate, f, resulting in the
signal Xs,(Nn)

Xs2(n) has images left that are filtered out
by the interpolation filter (brick-wall type)
to create the multi-bit signal X,(n) , by
digitally filtering out the images.

Xp(n) is applied to a fully digital sigma
delta modulator producing the 1-bit
signal, Xysm(N) , containing shaped
guantization noise.

Xgsm(N) is fed to a 1-bit D/A producing
Xga(t), which has excellent linearity
properties but still quantization noise.
The desired signal, X.(t) can be obtained
by using an analog filter to filter out the
out-of-band quantization noise. (filter
should be at least one order higher than
the modulator.)

Rate = 81, Rate = 2i,

Lih-order Rate = f,
AL
modulator

sinc" "' FIR fiter 1IR fittar

(&)

Rate = f, Rate = 81, Rate = 4f, Rate = 2f

Lth-crder
143
modulator

sinc**" FIR filter Halfband FIR filters

Sinc compensation
" FIR filter

(8
Fig. 14.18  Multi- -stoge decimation filters: [g] sin

c followed by an IR filter
b} sine followed by halfband fillers i '

= 21,

Many techniques

a) FIR filter removes much of
the quantization noise, so that
the output can be
downsampled by a 2nd stage
filter which may be either IR
type (as in a), uppermost ) or
a cascade of FIR filters (as in
b), below )

In b) a few halfband FIR
filters in combination with a
sinc compensation FIR-filter
are used.

In some applications, these
halfband and sinc
compensation filters can be
realized using no general
multi-bit multipliers
[Saramaki, 1990]

16



Fig. 14.20 A block diagram of a fifth-order modulator

Lth order noise shaping modulators improve SNR by 6L+3dB/octave.
Typically a single high-order structure with feedback from the quantized
signal.

In figure 14.20 a single-bit D/A is used for feedback, providing excellent
linearity.

Unfortunately, modulators of order two or more can go unstable,
especially when large input signals are present (and may not return to
stability) Guaranteed stability for an interpolative modulator is nontrivial.

Multi-Stage Noise Shaping archite(élre@?{,ﬁ_{
| ("MASH") CI2o48

—{TEERe—-
b

Analog

Fig. 1421 A second-order MASH m
ote that the output, yin), is o fourdevel signal

Overall higher order modulators are constructed using lower-order, more
stable, ones > more stable overall system.

Fig. 14.21: 2nd order using two first-order modulators.

Higher order noise filtering can be achieved using lower-order modulators.
Unfortunately sensitive to finite opamp gain and mismatch

17



14.7 Practical considerations ‘c

 Stability
« Linearity of two-level converters
tar. For this case, the outpur ~=(||nL-;|c-ul h‘lulul:n-. TS S I s udis
y"n-=|'J,il.—r.i.|.-|.l.J. =11, -
° I d Ie to n es '\[";f‘-'llc”ﬁ'f‘_" this output pattern fs nni ll'fi- 'I I :m.rl I.u:.JJIhJ.-;\J-:u;:u ., ; -}- IH'.”I
A Mpling ratio of eight (ie . JJ:: ). the post Ju{\\ﬂ__‘_;“::rhlllk{%\:ﬁ[_
. . T TR S T e
[ J

Opamp gain

Dither signal

win) —:f}r Hiz) ‘-‘-é B _'_,JJ_ —]—D yin)

Quantizer

Fig. 14.26 Adding dithering to a delta-sigma modulator. Noke that
j se shoped

the dithered signal is alse noi

Design example, 14b 2nd order Sigma-Delta mod  ** s>

BOSER AND WOOLEY:. SIGMA-DELTA MODULATION ANALOG-TO-DIGITAL CONVERTERS

DIGITAL FILTER !

i INTEGRATOR {TWTEGRETOR
i i+

DELAY

(1)

Fig. 2. Modified architecture of second-order 4 modulator.

e 16 bit, 24 kHz , OSR as powers of two, and allowing for increased
baseband noise due to nonidealities: OSR 512 was chosen
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Design example, 14b 2nd order Sigma-Delta mod ¢ g=e 5505
e[l S&

=

* Among most relevant nonidealities: -] ]
« Finite DC gain o] |

. |
» Bandwidth, r ]

£ and
+ Slew rate W T e |
 Swing limitation T
Fig. 15, Dymamic range Ias a[{un::i::::{[ lI‘In‘euﬁ\:]-;er»:umpl.‘ng ratio for &

» Offset voltage e e e

* Gain nonlinearity

* Flicker noise

» Sampling jitter

* Voltage dependent capacitors
» Switch on-resistance

» Offset voltage and settling time for
comparators

2
2

Design example, 14b 2nd order Sigma-Delta mod  ** s>

4.1 Specification of modulator functions
= SYSTEM
Technology: CMOS 0.8 micron
e apply: VS5 =-25V, GND =0V, VDD =25V
ture: 0 to 70 degrees C
AMPLIFIER

* SWITCH
Ron < 44002

* CAPACITORS
¥

Fig. 1. Fully differential lolded-cascods amplificr (after [4])
= LATCH
D-type, able to settle within 20 ns.

* COMPARATOR
Hystorests: < 0.5V

Settling time: < 20 ns

« Noninverting parasitic insensitive integrator (fig 10.9) was used (fully differential
implementation)
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2nd order modulator; top level schematics

=

i

i

| am¥sy

=

il

i oo st spepiong

M T

» Two-phase clock generator, switches, chopper stabilized OTA (1st int.),
OTA (2nd int.- fully differential folded cascode), comparator, latch, two-

level DAC. Biasing circuit.

Functional after test.
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A MICRO POWER SIGMA-DELTA A/D CONVERTER IN 0,350 CMOS FOR
LOW FREQUENCY APPLICATIONS

Adlnan Gamded ', Wi

rk, NI 07102

Nocw Jerscy Taniius .
armingdale, NY 11734

T
Mielephomics Corporation. X135 Hrood Hollkow Koad, F

Next week,

e Ch. 13; Nonlinearity and Mismatch plus beginning of

chapter 14; Oscillators (?)
Messages are given on the INF4420 homepage.

sa@ifi.uio.no , 22852703 / 90013264
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