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Performance of ADC architecture
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Technology front is limited by GBP of amplifier, switching speed of CMOS-
switch, and process variation of capacitance.
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3.1 Quantization noise and noise 
shaping
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Quantization noise
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SNR of quantized signal
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Oversampling
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Oversampling ratio fs = Sampling rate

f0 = Maximum signal frequency

Sampling theorem (Nyquist-Shannon's theorem): 
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The minimum sampling frequency 2f0 called Nyquist rate.

OSR = 2
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Quantization noise by 
oversampling

7

Assuming that the quantization error generates the white noise,

Noise power level in band

Noise power spectrum density
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Noise reduction by over sampling
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Delta-sigma modulator
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Transfer function of noise

Zero @ f = 0

Clocked comparator



Function of analog comparator

• If (Vin
+ > Vin

- ), then Vout = VDD (Logic level = 'H')
• If (Vin

+ < Vin
- ) , then Vout = VSS (Logic level = 'L')
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VDD（'H'）
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Ideal characteristic
The same symbol as a single-end OPA is 
sometimes used for a comparator, but 
the circuitry is different from each other.
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コンパレータの2つの機能

• 電圧差が0Vになるタイミングの検知（ク
ロックなし）

• あるタイミングでの電圧の大小比較（クロッ
クあり）

• ここでは、後者を用いる
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Time domain characteristic of 
delta-sigma modulator
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32 bit binary

Comparator

1-bit delta-sigma modulation
= Pulse-density modulation

(OSR = 24)

(OSR = 24)



Noise shaping by delta-sigma 
modulation
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Error of comparator Error of 1-bit delta-sigma modulation
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Noise reduction by noise shaping

14

M =1

M =2

1 𝑧 1 𝑒 2sin 𝜋
𝑓
𝑓

1 𝑧 1 𝑒 2sin 𝜋
𝑓
𝑓

𝑆𝑁𝑅 𝑑𝐵
𝑉  _

𝑃 _ · 2sin 𝜋 𝑓𝑓

𝑑𝑓

≅ 6.02𝑁 1.76 20 log
𝜋

2𝑀 1
20𝑀 10 𝑙𝑜𝑔𝑂𝑆𝑅

M = 1

M = 2

𝑓
𝑓



15

SNR vs. OSR
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Effective number of bits (ENOB)
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For 1-bit quantization (=Comparator),

6.02𝐸𝑁𝑂𝐵 1.76 6.02 1.76 20 log
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20𝑀 10 𝑙𝑜𝑔𝑂𝑆𝑅
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1

6.02 20𝑀 10 𝑙𝑜𝑔𝑂𝑆𝑅 20 log
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Simple quantization Noise shaping (N = 1bit)
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ENOB vs. OSR
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3.2 Oversampling DAC
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Principle of oversampling DAC
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Advantage of oversampling DAC
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Signal processing of 
Nyquist rate DAC

Multi-bit DAC

Smoothing filter

Digital signal
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Required filter response

Nypuist rate DAC requires the ideal LPF for smoothing.  



Appendix:  Frequency response 
of sample and hold circuit
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Impulse train

Sample and hold of the signal x(t)
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Interpolator
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Pulse-density modulation by 
delta-sigma modulator (DSM)
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(N bits) (1bit)

𝑉 𝑧 𝑉 𝑧 1 𝑧  𝑉 𝑧

N bits signal1 bit signal Quantization noise

The figure shows the block diagram for the case of "M = 1".



Architecture of oversampling 
DAC
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Interpolator Delta-sigma modulator LPFDigital Analog

fS/K Clock fS

(continuous time)

OSR = K

𝑧
1 𝑧

1 bit

N bits



Higher order DSM
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Multi-stage noise shaping (MASH)
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Example of oversampling DAC
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SOI-CMOS 0.6um, 16bit, 2nd order DSM, OSR=128

Continuous time LPF Oversampling DAC IO buffers

(c) Kanazawa University



3.3 Delta-Sigma ADC
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Principle of analog DSM
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𝑉 𝑧 𝑉 𝑧 1 𝑧  𝑉 𝑧

Continuous time 
analog signal 

Pulse-density 
modulated signal

Quantization noise

Continuous time 
analog signal

Discrete time 
analog signal

Pulse-density 
modulation  signal



DAI with reference input
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Architecture of delta-sigma ADC
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Full differential implementation
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Analog input Pulse-density 
modulation



Conversion to binary signal
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Anti-aliasing 
Filter DSM Decimation Down sampling
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Structure of decimation filter

SinCL+1 IIR Halfband FIR
SinC
Compensator

fS 4fN(=8f0) 2fN(=4f0) fN(=2f0)
Averaging Noise filter at 2f0

Xin(z) Xout(z)

Compensation at f0

SinC IIR 186th FIR

34th FIR
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Design of SinCL+1 filter
Averaging of M data
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Implementation of SinCL+1 Filter
Down samplingAccumulation Differentiation

SinC filter = CIC (Cascaded Integration-Comb) filter

Sampling rate conversion
(down conversion)
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Order of SinCL+1 Filter
Without noise shaping 𝑆𝑁𝑅 6.02 · 𝐸𝑁𝑂𝐵 1.76
With 1st-order noise shaping 𝑆𝑁𝑅 6.02 1.76 5.17 30log𝑂𝑆𝑅
With 2nd-order noise shaping 𝑆𝑁𝑅 6.02 1.76 12.9 50log𝑂𝑆𝑅

With 1st-order noise shaping 𝐸𝑁𝑂𝐵 1 5.17 30log𝑂𝑆𝑅 /6.02
With 2nd-order noise shaping 𝐸𝑁𝑂𝐵 1 12.9 50log𝑂𝑆𝑅 /6.02

Number of bits of decimation filter 𝑁 𝑁 log 𝑂𝑆𝑅

With 1st-order noise shaping 𝑁
𝐸𝑁𝑂𝐵

log 𝑂𝑆𝑅 1.5 𝐿

With 2nd-order noise shaping 𝑁
𝐸𝑁𝑂𝐵

log 𝑂𝑆𝑅 2.5 𝐿

Nout must be larger than ENOB.

where L is a order of the noise shaping.



Application example of cap sense 
(touch panel)
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3.4 Band-pass Delta-Sigma ADC
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Transfer function of band-pass DSM
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Noise shaping of band-pass DSM
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z-2 operation with N-Path technique
SsTez  1 STsez 22  



1
(2)

2
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Sampling rate = TS

A A C C ・・・

B B D D ・・・
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G1z-2

1 + z-2
G2z-2

1 + z-2

Vnoie(z)

+ +

Vout(z)Vin(z)

+ +

1bit DAC

4th order band-pass DSM

)()1()()( 224 zVzzVzzV noiseinout
 

jz 

G1 = -0.5
G2 = 2

+VQ(z)

High-order band-pass ADC is often used for the 
wireless communication systems.
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Question:
Derive the transfer function of the block diagram 
shown in the previous slide.

Example solution:



44

Oversampling rate of band-pass ADC

)()1()()( 224 zVzzVzzV Qinout
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Signal

The OSR of the band-pass DSM cannot be determined 
by the carrier frequency, but should be calculated by the 
bandwidth of the converted signal.
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Receiver architecture

LNA

AAF ADC

ANT

AGC

DSP

Decimation
Channel filter
Demodulation
Error correction

Analog

Signal

RF

Carrier

Data

Conv

Digital down-conversionBand-pass ADC

RF RF

Quantization noise

Digital processing

Unnecessary
Decimation
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Digital down-conversion

)2cos( Sc nTf 

×BP-DSM DF Baseband signal 
(Symbol)

Carrier or intermediate 
frequency fc=fs/4 Clock frequency fs

2bit Digital down 
conversion

TS

}0,1,0,1{)
2

cos()1
4

2cos()2cos( 
 n

f
nfnTf

S

S
Sc

Decimation Filter

When fs = 4fc, the digital down conversion can be implemented by 2-bit logic.

2-bit-at-a-time
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Example of 2-bit multiplier

1bit→2bit × Converted signal

)2cos( n

Delta-sigma 
modulation signal

2bit multiplier
A B OUT
11 (-1) 00 (0) 00 (0)
01 (1) 00 (0) 00 (0)
11 (-1) 01 (1) 11 (-1)
01 (1) 01 (1) 01 (1)
11 (-1) 11 (-1) 01 (1)
01 (1) 11 (-1) 11 (-1)
・
・
・

・
・
・

DC
DC
DC

a A
0 11(-1)
1 01(1)

1bit→2bit extension



Example of band-pass DSM
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Down conversion, Decimation, and Demodulation

CMOS 0.25um, 
OSR = 256,
4th-order noise shaping, 
ENOB = 14bit

(c) Kanazawa University


