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ABSTRACT

This report describes a very brief introduction to the 2™ order Sigma Delta ADC
for Biomedical Application up to 150Hz. The sampling theorem and quantization
noise theory are reviewed and it is shown that a Sigma Delta ADC grossly
oversamples the input signal and shapes the noise spectrum such that the
modulator appears to be a high pass filter for the noise and allow pass filter for the
input signal. Loop filter is used for noise shaping combining with DAC. We are
using two types of 1bit modulator-CIFF and CIFB. The concept of digital part is
introduced as incorporated with filtering and downsampler. The digital part is the
decimation filter that is implemented by combining one 5" order CIC filter and two
FIR filter.
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Chapter 1: INTRODUCTION

Deita-sigma (AZ; or sigma-delta, £A) modulation is a method for encoding analog
signals into digital signals or higher-resolution digital signals into lower-resolution digital signals.

The conversion is done using error feedback, where the difference between the two signals is
measured and used to improve the conversion. The low-resolution signal typically changes more
quickly than the high-resolution signal and it can be filtered to recover the high-resolution signal with
little or no loss of fidelity. This technique has found increasing use in modern electronic components
such as converters, frequency synthesizers, switched-mode power supplies and motor controllers.

Both analog-to-digital converters (ADCs) and digital-to-analog converters (DACs) can employ
delta-sigma modulation. A delta-sigma ADC first encodes an analog signal using delta-sigma
modulation and then applies a digital filter to form a higher-resolution digital output. On the other
hand, a delta-sigma DAC encodes a high-resolution digital input signal into a lower-resolution signal
that is mapped to voltages and then smoothed with an analog filter. In both cases, the temporary
use of a lower-resolution signal simplifies circuit design and improves efficiency.

The coarsely-quantized output of a delta-sigma modulator is occasionally used directly in
signal processing or as a representation for signal storage. For example, the Super Audio CD (SACD)
stores the output of a delta-sigma modulator directly on a disk.

-

Figure |: Block Diagram of a Delta Sigma Converter
1.1: Loop Filter

The loop filter is described by an ABCD matrix For single-quantizer systems, the loop filter is a
twoinput, one-output linear system and ABCD is an (n+1)'(n+2) matrix, partitioned into A (n x n), Binx2),C
(1 x n) and D (Ix 2) sub-matrices. This formulation is sufficiently general to encompass all single-guantizer
modulators which employ linear loop filters.

1.2: Decimation filter

In audio applications, need for efficient digital filter has been increasing at high rate because
of high speed and low power requirements. The oversampling sigma-delta modulation is a proven
method to realize high- and very high-resolution analog to digital converters. Need for decimation
filter is to remove the quantization noise within the band of interest and avoid aliasing of high
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frequency down to low frequency components or within the signal bandwidth. This way of
implementation reduces the power consumption, also utilizes much lesser hardware compared to few
other designs this is because at each stage the filters operate at a lower sampling rate. comb filter used
at the beginning of the decimation filter requires minimal hardware to perform down-sampling to low
frequency components from high frequency components. We are discussing design of a decimation
filter used for high performance audio applications. We implemented decimation filter in order to
obtain low-power with the use of canonical signed digit (CSD) representation. The filter coefficients
obtained are represented using CSD representation, which requires less hardware and consumes less
power . Basic requirement of this digital filter is to decrease the frequency spectrum and filtered out
the feedback signal Because of the use of oversampling in sigma-delta modulators, the need anises for
changing the sampling rate of signal, decreasing it to Nyquist rate in A/D-converters. Thus, the high
resolution can be achieved by the decimation (sample reduction). Such sample reduction can be
achieved employing high precision FIR filters, usually in cascaded structures. This paper describes the
steps of practical design of decimation filter for high-resolution LA A/D converter. The design of a
decimation filter is proposed that employs three stage — one Cascaded Integration Comb filter (CIC)
followed by two FIR filters. This approach eliminates the need for multiplication, requires a
maximum clock frequency equal to the sampling. Finally, it explains how to implement the filter
efficiently in hardware.

1.3: DAC

In electronics, a digital-to-analog converter (DAC or D-to-A) is a function that converts digital data (usually
binary) into an analog signal (current, voltage, or electric charge). An digital to analog converter (DAC)
performs the reverse function of ADC. A _DAC is often needed to convert the digital signal to analog, for
example to drive an earphone or loudspeaker amplifier and produce sound (analog air pressure waves).

1.4: Quantizer(Q)

rl']!.l..ll'lll.-"dfll?” Hl”“".'

Figure 1.1: Quantizaton

Quantization, in mathematics and digital signal processing, is the process of mapping a large
set of input values to a smaller set — such as rounding values to some unit of precision. A device or
algorithmic function that performs quantization is called a quantizer. The round-off error introduced
by quantization is referred to as quantization error.

In analog-to-digital conversion, the difference between the actual analog value and quantized digital
value is called quantization error or quantization distortion. This error is either due to rounding or
truncation. The error signal is sometimes considered as an additional random signal called
quantization noise because of its stochastic behaviour. Quantization is involved to some degree in
nearly all digital signal processing, as the process of representing a signal in digital form ordinarily
involves rounding, Quantization also forms the core of essentially all lossy compression algorithms.




Chapter 2: BASICS BLOCKS OF SIGMA DELTA MODULATOR
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2.1: Oversampling

The key advantage of oversampling is that the signal band occupies a small fraction of the
Nyquist interval making it possible to use digital cancellation on the relatively large fraction of the
quantization noise that is outside the band of interest. The use an ideal digital filter after the A1
conversion removes the noise from /B to /62 and significantly reduces the quantization noise power
by a factor of f+(2/B) leading to

where Frefis the reference voltage and n is the number of bits of the quantizer.

In signal processing, oversampling is the process of sampling a signal with a sampling
frequency significantly higher than twice the bandwidth or highest frequency of the signal being
sampled. Oversampling helps avoid aliasing, improves resolution and reduces noise.

u I.J An oversampled signal is said to be oversampled by a factor of B, defined as
dot f
2B

fs =268

Where £, is the sampling frequency and B is the bandwidth or highest frequency of the signal.
The Nyquist rate is then 28.

The Frequency Domain

Oversampling by K Times
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Figure 2: sampling by nyquist interval Figure 2. 1:over sampling by k times of the
nyquist interval

The definition of the equivalent number of bits shows that an oversampling
by OSR potentially improves the number of bits from » to




ENOB =n + 0.5 log2 - (OSR)

showing that every increase of the (JSR by a factor four potentially improves the converter resolution
by 1-bit. The advantage is not so important as, for example, for gaining 5-bif it is necessary to use
(ISR = 1024, Nevertheless, when oversampling is used to relax the anti-aliasing specifications, the
additional benefit of obtaining extra bits is obviously positive.

2.2: Quantization and Quantization Error.

Discretization in amplitude domain of any continuous signal is said to be Quantization. This
continuous-todiscrete transformation in amplitude generates an error, commonly referred to as quantization
error. The quantization itself introduces a fundamental limitation on the performance of an ideal ADC. It
degrades the quality of the input signal whose continuous-value levels are mapped onto a finite set of discrete
levels.

v e = vy
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y y

Figure 3: Ideal charactrstics Figure 4: Quantization error

Fig 4 shows the transfer characteristic of an ideal quantizer, where e stands for the quantization error

This error is a nonlinear function of the input signal, as shown in Fig.5 Note that, if x is confined to the full-
scale input range [~Xrs /2, Xrs /2], the quantization error is bounded by [-4/2, A /2], with being the
quantization step, defined as the separation between adjacent output levels in the quantizer As long as the
quantizer does not overload |¢] € A /2. The number of quantization levels is large, then the quantization noise
is white with a power oe® = A%/12 = 1/3 for A=2

2.3: Noise shaping

Noise shaping is a technique typically used in digital audio, image, and video processing,
usually in combination with dithering, as part of the process of quantization or bit-depth reduction of a
digital signal. Its purpose is to increase the apparent signal to noise ratio of the resultant signal. It
does this by altering the spectral shape of the error that is introduced by dithering and quantization,
such that the noise power is at a lower level in frequency bands at which noise is perceived to be
more undesirable and at a correspondingly higher level in bands where it is perceived o be less
undesirable. A popular noise shaping algorithm used in image processing is known as 'Floyd
Steinberg dithering'; and many noise shaping algorithms used in audio processing are based on an
‘Absolute threshold of hearing'.
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Figure 5: Incorporating the quantizer in a feedback loop



U

The scheme has a sampled data input that, after the processing block A(z), is converter into digital. For
closing the loop it is necessary to generate the analog representation of the converted signal as done by the
DAC. A second processing block A(z) is used before the subtracting element, The linear model of Fig:2
represents the quantization error with the additive noise € that is a second input of the circuit,

By inspection of the scheme it results
[X—Y-Bl2)A(z) + €Eg=Y
whose solution yields

X@AG) €

r= 1+A(z).B(z) 1+A(z).B(z)

The above equation shows that signal and quantization noise pass through two different transfer
functions

Y=Xx- aZ} * EG : N(I:l

named signal transfer (S(z)) function and noise transfer function (N(z)) respectively. For a low pass
data converter and for securing a beneficial noise shaping, S(z) should be low pass and N(z) high pass.
Since often the processing block B(z) is not used (B(z) = 1), A(z) must be integrator-type for obtaining
the desired responses.tains noise shaping

The accuracy of Oversampling ADC / DAC can be increased by applying methods to reduce
quantization noise. A method in which the inband noise is pushed in the frequency out of interest.
Such a phenomena is called Noise Shaping ,where the quantization error conceptually generated by
the difference of the input signal, , from an analog version of the quantizer output, —is shaped by a
filter with a transfer function, usually called noise transfer function (NTF), which can be either of
high-pass type or band-stop type. In case low pass oversampled signal ,the low frequency inband
component the removal of quantization Noise can be done through Differentiator in z domain transfer
function is given by:

NTF (z) = (1 — z~')* . Where L denotes the order of filter.

ZHD ORDER <
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Figure 6:Sigma-Delta modulators shape quantization noise

2.4: Noise shaping and 1-bit converters

Since around 1989, 1 bit deita-sigma modulators have been used in analog to digital
converters. This involves sampling the audio at a very high rate (2.8224 million samples per second,
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for example) but only using a single bit. Because only 1 bit is used, this converter only has 6.02 dB

of dynamic range. The noise floor, however, is spread throughout the entire “legal” frequency range
below the Nyquist frequency of 1.4112 MHz. Noise shaping is used to lower the noise present in the
audible range (20 Hz to 20 kHz) and increase the noise above the audible range. This results in a
broadband dynamic range of only 7.78 dB, but it is not consistent among frequency bands, and in the
lowest frequencies (the audible range) the dynamic range is much greater — over 100 dB. Noise
Shaping is inherently built into the delta-sigma modulators.

The 1 bit converter is the basis of the DSD formate. One criticism of the 1 bit converter (and
thus the DSD system) is that because only 1 bit is used in both the signal and the feedback loop,
adequate amounts of dither cannot be used in the feedback loop and distortion can be heard under
some conditions. Most A/D converters made since 2000 use multi-bit or multilevel delta sigma
modulators that yield more than 1 bit output so that proper dither can be added in the feedback loop.
For traditional PCM sampling the signal is then decimated to 44.1 ks/s or other appropriate sample
rates.
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Chapter 3: Modulator

3.1: General architecture

Figure 8: ZA modulator Figure 9: Sampled-data first-order sigma delta modulator

The block diagram of Fig. 8 integrates the difference between the analog input and the DAC output to
generate the sampled-data input of the 4DC. The input of the modulator can be already in the

hold format or a S&H is necessary before the data conversion. In the former case we
have a sampled-data EA, the latter case corresponds to a continuous-time XA modulator. Moreover,
the number of bits used by the ADC and the DAC distinguishes between a single-bit ZA (or simply
£A) and a multi-bit EA modulator. Fig. 9 shows the block diagram of sampled-data A that uses the
transfer function

H(z) = e

1-z71

to realize the analog sampled-data integration.
Since the quantization associated with the n-bit ADC is equivalent to the addition of a quantization
error, €(), and the DAC just converts the digital output into a quantized analog signal, then the
diagram of Fig. 9 can be modelled with the analog scheme which 1s a linear sampled-data circuit
with two inputs, X and €0, and one output, ¥. The encoder provides a digital representation of the
quantized variable V.

The equation describing the circuit is

-1

¥ (2)= 2) = ¥ (= +€o(2)
leading to

Y (2)=M2) z7 +€g(n) (1 —27Y)

Notice that the signal is just delayed by one clock period while the noise is passed through (1 —z7%).
This shows that the signal and the quantization noise are processed differently by the modulator. To
generalize, we can state that signal passes through the signal transfer function 5TF(z) and the
quantization noise through the noise transfer function N7F(z).

¥ (2)=X -STRz2) + €g(2) -NTR2).
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The noise rransﬁar function of the first order £A is high-pass as is evident by its estimation on
the unity circle: z— e/*T
NTF (w) = 1~ e~IWT =3 je-twrz 22—
: 2

NIR w)=2j e ™12 sin(WT/,)

The result shows that the white spectrum of the quantization noise is amplified by 4 but is

shaped by sln(“’r_fz] giving rise to a significant attenuation of the low-frequency components of the
spectrum.

If a digital filter removes any noise power outside the signal band, then the resulting square
noise voltage is the integral of the shaped spectrum extended from 0 to f.

B . s wt
Vi=vhg f; 4 » sin*(nfT)df = “E.Qq—a'ngz

obtained using the approximation sin(x) = x, valid forwg T,J'z « T/, Since v 9 = Vg "r’,-" o and

T'= 1/fs, then the above equation can be rewritten as
. 3
2 | f, m?
e gl e .....B_ S I o .
Vi = vho 3 [&‘ =Vnej OSR™3
2

1f the ADX uses k thresholds, the DAC generates k+1 levels in the reference range 0 -~ Vref

Vonc@ =1 " f1; i=0umm k.
The cascade of ADC and DAC gives rise to a quantizer whose quantization interval isA = Vref k, and
has nQ = log2(k + 1) bits. Moreover, since the power of the quantization noise and that of a full-scale
sinewave are respectively

V2 ) V2
v,f_a = ”r/kz 12; I""slzne = II-ﬂ'r/ﬂ

then the maximum SNR of the first order A modulator is given by

SNRgay =3 k* = OSR®
Assuming n’/= log2k, above equation in dB, becomes

SNRgas lap= 6.02 7/ + 1.78 — 5.17 + 9.03 log, (OSR)

3.2: Lee criterion for stability of single-bit modulators

A binary sigma-delta modulator is likely to be stable if  |H(e/")| < 2. Neither necessary
nor a sufficient condition but still useful.

male (e/)] is the maximum gain of NTF over all frequencies (remember that w is periodic
with period of 2m or H is periodic over £[0,fs]).

 JH(e™)]| < 1.5 is also called H-infinity or [|Hl|c, -
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3.3: General architectures for single-quantizer modulators

I
1= (z)

Iy (2)
STF = 9%}
| =L (z)

Figurel10: Loop filter with one bit quantizer
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3.3.1: Loop filters with distributed feedforward and input coupling (CIFF)
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Figure 11: Chain of integrators with weighted feedforward summation
14(2) = —a,1(2) = a;1(2)* = - — ayl (2)" I(z)=—"

(z-1)
LD(Z) = b‘l(ﬂ:; G ﬂz!i N gl 'ENI'N} + bz(az! + e ﬂHI;H-iJ b L o b~+1

For low-distortion architecture, STF=] bp=by==by=0 b =by,=1

3.3.1.1; Simulink model

Figure 12: CIFF
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3.3.1.2: Simulated result
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Figure 13: NTF & simulated output
3.3.2: Loop filters with distributed feedback and input coupling (CIFB)
s
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Figure 14: Cascade of 4 integrators with distributed feedback and distributed coupling

_ Ly(z) by +by(z—1) + ot by (z - 1)
#f= 1-Li(z) D(z)

All NTF zeros are at DC (z=1)

Poles of NTF and STF are controlled by a; coefficients (used to control stability). Zeros of STF are
controlled by b; coefficients.

b] +b2I:Z— 1] + "'+b~+|{z_ 1}”

Lo(z) = (z— 1)~
Feedforward transfer function
a; + as(z — 1) + -+ ayfz — 1)V
P e Do S o n )
Feedback transfer function
ntf =H(z) =—— =&

1-Ly(z)  Diz)
D(z)=a,;+a;(z-1... +ay(z — D)V 1+(z — 1)V

Then STF=1 and input to any of the integrators in the loop does not contain input signal component
which results in a low distortion architecture.
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3.3.2.1: Simulink model
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3.,3.2.2; Simulated result
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Figure 16: NTF & simulated output

34: COMPARISON TABLE FOR DIFFERENT SIGMA DELTA MODULATOR

TOPOLOGY
ﬁ;_ OSR Effective number of bits(in bits)
=i CIFB
L 2 3.09 2 17
2 4 3.98 3.15
3 8 5.07 56

Table 1: Comparision between O5R & ENOB
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Chapter 4: Decimation filter

4.1:SPECIFICATION OF THE DECIMATION FILTER FOR SIGMA DELTA CONVERTER

-0

A sigma-delta A/D-converter consists of a sigma-delta modulator, which produces the
bitstream at the sampling rate, which can be in the megahertz range. The figure shows a digital side of
sigma-delta modulator. The specifications of the decimation filter are dependent upon the overall
specification from the sigma-delta converter.

The output of sigma-delta modulator is a 1-bit data bitsteam at the sampling rate, which is 800Hz.
The purpose of digital-and-decimation filter (Fig) is to extract information from this data bitstream
and reduce the data rate to a more useful value.

An atc;g - ;_'bii Data — i
in ' itstream
DUI amgégﬁfte;ra —{ Digtal filter Cata »| Decimation |—UPY
c

Fig: Sigma-Delta ADC

Parameter Symbol Value

Signal bandwidth: BW 100Hz '
Sampling frequency: o Fs 800Hz
Over sampling ratio: ' OSR 8 _
Number of bits in modulator bit stream: Bmod 1

No of bits in output of filter: B 7

Passband frequency: Fpass 100Hz
Stopband frequency: Fstop 125Hz

Table: Decimation filter specification
Using specification given in above Table , in sigma-delta ADC, the digital filter average the
1-bit data stream, improves the ADC resolution and removes quantization noise that is outside the
band of interest. The purpose of decimation filter is to remove the noise shifted by modulator to high
frequencies, reduce the sampling frequency of 800Hz and increase the number of bits in the output,
With 7 bits in the output of the filter Signal to Noise Ratio (SNR) is 86 dB.

4.2:DESIGN OF THE DECIMATION FILTER

Practically it is complicated to implement a decimation filter in hardware level. It is therefore
necessary to use multistage approach, whereby the decimation is performed in several stages. The
decimation is done by using  two types of decimation filter-Cascade integration Comb(CIC) filter
and Finite Impulse Response(FIR) filter. Here we are using 5™ order decimation filter with three

Stages:
® Cascade Integration Comb(CIC) filter where sampling frequency is decimated by a
factor 4.
® 1 FIR filter with decimation factor 2. It compensate the in band  attenuation introduced

by the comb stage.




® 2" FIR filter with decimation factor 1. It is used for last stage with step transition, to
provide the required stop band attenuation.

8 200Hz ' |100Hz 100H
— crcp—.. FIR 12— FIR‘I—*Z

Wy T

Fig : Decimation filter architecture

4.2.1: First stage, CIC filter

It is very efficient to use a Cascaded Integrated Comb filter (CIC) for the first stage. Such
CIC filter can be easily implemented in hardware, requiring no multiplication. Furthermore, it can be
used to decimate the data by a large factor, allowing easier implementation of the following stages.
The drawback is the drop in the pass-band due to the sin(x)/x response of the filter. This needs to be

compensated for in the following stage of FIR filtering. In this design is used CIC filter to decimate
data by decimation ratio 4. This filter is mainly consisting of two sections- integration section and
comb section.

Fig: Integrator Fig: Comb
—TM, = T hp', '} — P, | ' "‘I‘,.j— ' i+.4| ' -i:-_.i y l:.- e Ih ! Mo L
' | ]t i
A A i i i— i i i i
!lnlager Delayl Integer Delay Integer Delay ifiteger D;alayiﬂeger Delay12 | ' .
| | | = | T = - !
0 5 | A [ A | g L A L] -1l | -1 -1 -1 | A A |
_.ZE* lz:‘ _..Z,‘ __:Zi;‘.l lZ" HZI ’Z' "I' }'ZI ’:Z"'
B Integer Delay?; . Integer Daray? ' lmlugnn-amn
Integer Delayd Integer Delays

Fig: 5" order CIC block diagram
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If' N is the order of filter, R is the decimation factor and M is the differential delay then,
N=5; R=4 ; M=I
The transfer function for integration section is
H(z)= :

L]

“_Iz_.lj_qft_f: _rn

The transfer function for comb section is
H(z) =1—17"R’M
The transfer function of the CIC filter is
_=RMyN L
H@)= Hy(H(2) = T2 = (R 2
And magnitude of the frequency response,

fwy | = Sin(EM{)
| H (e/™)] i——m,g |

| : In our proposed CIC filter, N=5, R=16 & M=1

Therefore, H {3?.}#[11—__22??_12]5

And magnitude of the frequency response,

‘ H (ei% =t sinf(mMf) u
‘, |H(e™)|=1 =57 ol
| = sin(3.14=1+f) |5
| sin’—'%“r
|
| Magnitude Response (dB)
| 2
| 10 e
5!
| u — =
g8 . | —— Fiter #1: Quantized |
= | -~ Fier #1: Reference |
= e — — - sl
2 -1
=
® {5
S -
-20
-25
-30
-35
0 0.1 02 03 04 05 0.6 0.7 08 049
— MNormalized Frequency («x rad/sample)
Fig: CIC filter output
4.2.2:Two stages of FIR filtering
The numbers of FIR stages required by looking at computational effort required for different
solution and selecting the best one. The frequency band attenuation for each stage can be determined
using the following formula:

Iﬂ 14




Passhand: 0 <f <[
P
.".-'nc.ldr:l:'!mrnr.f.'.-’?J F/2M<f- F'”'E
R rd Al
ipple ki
Ripple 0

Siopband 5
where:

I: Total number of stage

YA E

Fs: Sampling frequency of filter

Fi= .’"' fr'M.".' i is number of stage, (i1, 2, . 1);

Filter parameter 19 FIR 2" FIR
Sampling frequency(Fs): 200Hz 100Hz
Passband frequency(Apass): 100Hz 100Hz
| Stopband frequency(Astop): _ 375Hz 125Hz
Passband maximum ripple: 0.00025dB 0.00025 |
Stopband attenuation: 90dB 90dB j

Magnitude Response {dB)

¥
D 01 a2 03 o4 oS 06
Mormafzed Frequency («x radfsamphs)

Table: Specification for two stages FIR filter

Each of the filter in hardware using only one multiplier. Therefore increasing the number of
stage any further would turn out to be less efficient since it would require an extra multiplier for each
further stage of FIR filter. Therefore are chosen to use two stage of FIR filter.

07 oa

Fig 6: FIR filter respons
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4.3:Response of decimation filter

>
L 1
=24 1|
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. |
- 1 {
- | L]
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II
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i | H!-'.F 0 1] ,:-l ‘E'E ,!4
Frequency {radiser)

Fig: Decimation filter response
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Chapter 5: DAC
5.1: Feedback DAC nonidealities

A major error contributor to CT AY. modulators is the feedback DAC. Erors in the outermost
feedback loop add directly to the input signal, which means that these errors are not subject to noise
shaping. If a typical rectangular feedback form is assumed (e.g. NRZ and RZ), most common
feedback DAC errors can be derived. The feedback pulse can be affected by timing errors which
varies the position and length of the pulse. This can be a constant delay 1,4 of the pulse often referred
to as excess loop delay, or a statistical variation of the position or length of the DAC pulse caused by
clock jitter. The pulse edges would also inevitably have nonmideally rising and falling times due to
finite slew rate in the DAC.

S

‘s Do
filter Ul-ﬁ::_?_j sampling
LA modulator Decimator

Fig 1: Block diagram of general CT ADC showing feedback DAC.

5.2: Excess Loop Delay

Excess loop delay is an unwanted delay td between the ideal and the implemented feedback DAC
pulse:

td =rdTs:

where 7d is the excess loop delay relative to the sampling period Ts. This delay can arise from finite
respond time in the DAC and delays in the path between the quantizer and the DAC. The excess loop
delay causes two different nonideal effects in CT AY. modulators. When the loop delay shifis the
DAC pulse, but the pulse retains within its sampling period or when the loop delay shifts parts of the
DAC pulse into the next sampling period. The latter happens when using a NRZ-DAC or even
sometimes with RZ-DACs in high speed modulators,

A

lll’lllll-l'!l!l.l

paEEEEE AR AR

3 —> 1
o+ Tp ﬂ-{—ﬁ;l 1s

Figure 2: Excess loop delay in RZ DAC
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Figure 3: Excess loop delay in NRZ DAC

5.3: Clock Jitter

Clock-jitter is a common problem associated with clock generators due to uncertainty in the iming
of the clock edges caused by the finite phase-noise (PN) in the generated clock waveform. It is a
critical problem that is becoming the main limitation in the performance of state-of-the-art data-
converters. The problem of clock-jitter is a very critical issue and can significantly deteriorate the
achievable signal-to-noise ratio (SNR) of an analog-to-digital converter (ADC) or a digital-to-analog
converter (DAC) by several dBs.

=
=
e

Clock jitter introduces errors into both the forward path (as sampling errors at the quantizer
input) and the feedback path (as time-delay errors in the DAC feedback pulses).

DAC output in » - : p
presence of clock jitter = o-f----- | e s B SR e et S
DAC output with - : | _TH = )
ideal clock == schiscdepencamarschanschacnch s anhes Sofaa sk o
(zero jitter) ] ! . | _ : . _
Error sequence Sl ! g i

e —

Figwre 54, Dguivalent representations of a jttered bil stream.
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S.4:Return-To-Zero DAC Waveforms

Return-to-zero DAC waveforms are known to be robust to even-order nonlinearities resulting
from mismatch between rise and fall times, as well as less sensitive 1o excess loop delay in the
quantizer compared to NRZ waveforms. They are the most sensitive to PW] because the additive jitter
induced errors are linearly proportional to the random timing errors at the rise and fall edges every

clock-cycle, as illustrated in Figure 15(a). The equivalent error induced by PWJ in a RZ DAC
waveform is given

_ _ BA{n) Ts {(Atr{n)+Atf(n))
61[“}_ Ts (n Te Ts ' (1)

where A(n) is the area difference resulting from the error in the total mtegrated charge per one clock
period T's between the ideal and the jittered waveforms, y(n) is the modulator output at the nth clock
cycle, TC is the duty-cycle of the RZ pulse, and Atr(n) and Atf(n) are the random timing errors in the
rise and fall edges, respectively, of the nth DAC pulse. For a single tone ig. sin(wsigt) at the input of
the Al modulator, the integrated in-band jitter-induced noise power (/BJN) for a RZ DAC is given by
=2 (0)*[Vig” | 421 (m w)[?

IBINW: ~ OSR (FE) [ 2 - 12 2m I—nlﬁTF(Eijl dw] (2)

where gj is the rms jitter in the DAC sampling-clock, OSR is the oversampling ratio of the
modulator, A is the quantization step of the loop quantizer, and ATF is the noise transfer-function of

the modulator. From equation (2), the expressions for the IBJN due to input signal and shaped
quantization noise can be written as follows

Vg™ fejy2
IBIN\Rz, due to inpua signat = _aﬁs% ;i:) (3)
1 fen\? a? 2
IBJN\r7. cve to siaped noise = o5 ;i*) EJ'L]NTF(E“’)I dw (4)

From the expression in (2), it is evident that the IBJN decreases proportionally with the OSR and
the duty cycle of the DAC pulse. Particularly, 1) as the OSR increases, the power spectral density
(PSD) of the PWJ induced emors is reduced and hence the resulting integrated in-band noise is
decreased accordingly. 2) the additive error in the amount of integrated charge in the loop filter varies
linearly with the PWJ at the rise and fall edges by a factor roughly equal to the pulse amplitude, which
is inversely proportional to Tc. The IBJN due to in-band signal component, given in (3), causes
sidebands of the input signal to appear in the desired band. Also, from (4), PWJ randomly modulating
shaped noise results in noise folding back over the desired band and hence elm‘aﬁnig the in-band noise
level. In (2) and (4), the effect of the quantizer resolution is implicitly included in A

5.5:Non-Return-To-Zero DAC Waveforms

Non-return-to-zero DACs are known to be highly sensitive to excess loop delay and also they
result in even-order nonlinearities due to mismatch between rise and fall times, in contrast to RZ DAC
waveforms. However, they are commonly used in CT Al modulators due to their simple
implementation, relaxed SR requirement on the integrating amplifiers, and lower sensitivity to clock-
jitter compared to RZ DACs. In NRZ waveforms the clock-jitter will be effective only during the
clock edges at which data is changing. Equivalent error induced by clock-jitter in a NRZ waveform is
given by
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M{n‘j M{n}

Ej(ny=——=((n)yy(n-1)r—— (3)

where At(n) is the random timing error in the clock edge of the nth clock-cycle. For a single tone
Vsig sig(wsig t) at the input of the ALl modulator, the total IBJN for a NRZ DAC is given by

2
IBIN |z = 4.0SR. BW. o7 | (ﬁ) + e’

P’,u.z.ﬂwl.d'? - O5R.BW? ..ﬂz.crmmmsz.d}z
OsR 3

where BW is the input signal bandwidth, OSRsig the ratio of the sampling frequency to double the
input signal frequency, and

ONTFAMS" = %ffﬂ [|NTF{EJ"“')1E. (1—cosw) |dw

Thus, the expressions for the IBJN due to input signal and shaped quantization noise can be written as
follows

v le 2
IBJN\wgz. m»mﬁlﬂszﬂﬂ- (7)

OSRBW2 A oyrrams o)
IBI NIz, due 1 shoped noise = - - (8)

From the expression in (7), the IBJN due to signal is inversely proportional with the OSR because,
intuitively, as the OSR increases, less signal-related transitions will occur at the modulator output and
hence less additive jitter noise will be generated. On the other hand, from (8), the IBJN due to shaped
noise increases proportionally with the OSR because a higher OSR means more OOB shaped noise
components will be modulated and fold back over the desired channel by the PN components at their
respective frequencies. Therefore, the OSR needs to be optimized for better robustness to PWJ
according to the contribution of each component (in-band signal and shaped noise). Also, the IBJN
due to shaped noise is proportional to Gy gus’. and thus to minimize the PWJ, the aggressiveness of
the NTF needs to be relaxed.

5.6: Modelling for DAC Jitter

Ul

Pulse
Geanarator
Product!
Feedback Signal y————
b4
Praduct? Data
Additive Ermor = 2
b
-

Gain

RMS Jitler

(a)
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Fig 4: FIG 5: Simulink Modeling for DACs and jitter induced additive errors in the feedback of a CT
All modulator. (a) RZ DAC. (b) NRZ DAC.
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Conclusion & future work

Conclusion

From the aforementioned results, it is concluded that sigma delta adc provide us perfect
digital form bio-medical signal. The OSR increases the SNDR and ENoB also increases, after a
certain level the increase in OSR will not affect the SNR value. For both the topology of cascade of
integrators and cascade of resonators » the values for feedforward and feedback form are
approximately same . Also for higher OSR (above OSR = 8) .the values obtained for SNDR and ENoB
is higher in the case of cascade of resonators than cascade of integrators for both feedforward and
feedback form.

Future work

We have implemented sigma-delta adc for bio-medical application which has the
bandwidth of 150Hz. We are trying to upgrade our design so that it will be suitable for audio
applications having bandwidth of 20kHz by applying more order of the modulator.
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