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Abstract-This paper focuses on the design of digital decimation filter for single bit Sigma-Delta
A/Dconverter with medium oversampling ratio for the processing of audio and biomedical signal. A
second-order single-stage sigma-delta (2-4) modulator with single bit quantizer with oversampling ratio
96 workas a basic modulator. For hardware requirement, multiplier less CIC compensation FIR filter
architectureused. Total three CIC compensation filter are used for decimation and filtering purpose. All

filters are designed and simulated with MATLAB
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Introduction-Each sampling period for the FIR
and IR digital filter require large number of
multiply and accumulation operation. Nyquist-
rate ADC sample the analog input signal are
f>2f,, where f, is the highest frequency
component of the input signal and fs is the
sampling frequency. For avoiding the anti-
aliasing we ensure that the filtered signal which
does not have frequency components >
fs/2.Hence the anti-aliasing filter should have a
very narrow transition band[1]. High-resolution
analog-to-digital conversion(ADC) based on
Sigma-Delta modulation has become common
place in many measurement applications
including audio, biomedical,seismic and noisy
environment sensing.

Sigma-Delta methods incorporating over sampling
and noise shaping provide improved resolution

over Nyquist- rate conversion methods and
accuracy for time. However, this architecture

requires both filtering and down sampling of the
over sampled signal [2] , or decimation filter. The
modulator shapes the noise by shifting it towards
the high frequencies the decimation filter takes the
output sequence from the modulator, reduces the
sampling freequency while suppressing high
frequency quantization noise.

The overarching theme of these techniques has
been to reduce the complexity of the
multiplication to reduce the word length.. There
are many techniques that use some form of sigma
delta modulation or the like to improve the
efficiency of the digital filtering operations. In
this paper we thoroughly examine the design and
synthesis of such techniques including general
purpose short word length (SWL) DSP technique .

An alternative solution is to use gate level
programmable  devices such as  field
programmable devices arrays to perform digital
filtering tasks . Anti aliasing filter must have a
very narrow transition band
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which is not easy to realize[3]. Also the resolution
which is not reducing the baseband quantization
noise is suitable for a very low voltage converter.
Reducing the base band quantizing noise is
equivalent to increasing the effective resolution of
the digital output[4]. Noise is reduce by using
Low Pass Filter (LPF) or compensated CIC filter.
Basics of Sigma - Delta Modulator -The
simplest predictive modulator is the linear Delta
modulator. This is pushing most of the in band
noise outside signal frequency band to improve
SNR. This is obtaining if signal transfer function
is a LPF whereas most important noise transfer
function is HPF. Above technique called noise
shaping and can be easily and efficiently
implemented by modifying the modulator. Here
the integral of the input signal is encoded rather
than the input signal directly [5].Integration being
a linear function does not affect system transfer
function. The demodulation output feeded at the
input of Delta modulator.

of Nyquist-rate converter is low
This new system is called Sigma-Delta Modulator.
Signal encoding with sigma-delta modulation
work as an ADC and single bit coder so there is
no longer a requirement for a conventional
ADC,then here coder circuit are used[6,7]. Further
no input interpolation is required in this setup as a
signal passing through sigma-delta will be over
sampled. To filtering operation for full precision
filter coefficient where zero padded by R used to
match the oversampling ratio of the Sigma-Delta
modulator. Decoder circuit comprising cascade
comb and base band filter where used to remove
the quantization noise and aliases from the filter
out put signal. However the output signal was in a
multi bit format in all of theseschemes[8,9].
The output of Sigma-Delta Modulator is very high
sampling rate. High frequency quantization noise
is filter out it possible to reduce the sample rate.
Minimize the amount of information for
subsequent transmission (Storage or digital signal
processing)[10].
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To Design Digital Filter

The efficient filter fall on two categories, the first
is purpose of filtering which reduced sampling
rate and quantization noise.The second is choice
of filter topology and design of cascade integrator
comb filter

(A)Purpose of Filtering

Some basic tasks are to be performed in the
digital filter sections:
(1)Remove shaped Quantization Noise- The 2-A
modulator is designed to suppress quantization
noise in the baseband. Most of the noise is at
above the base-band frequency. The digital filter
is used to remove the quantization noise which is
out of band. Thus remains a little amount of
baseband quantization noise and the component of
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band-limited input signal. So to Reduce the

baseband quantization noise we have to increase

the effective resolution of the digital output [4,2].
Best use of sigma-delta modulator provide

good noise shaping at low OSR.As the OSR
increase, the order of filter should be increases to
maintain same frequency response when sampling
rate is high noise move to high frequency and
most of it lies above base band[10].

(2) Decimation or sample rate reduction:
The output of the modulator is high sampling rate.
This is a basic characteristic of Sigma-Delta
modulators because they use the high frequency
portion of the spectrum of the quantization noise.
If high frequency quantization noise is filtered,
then it is possible to reduce the sampling rate. It is
not desirable to bring the sampling rate down to
the Nyquist rate which minimizes the amount of
information for subsequent transmission and
processing [8,11].

(B) Choice of Filter topology

There are a many factors that make it difficult to
implement the digital decimation filter. The digital
decimation filter is used as low frequency and
sampling rate of the modulator is high [12].Thus,
the decimation filter must perform very well to
remove the excess quantization noise. This filter
used for high quality audio conversion impose the

processing must perform its task without
distorting the magnitude and phase characteristics
of the input signal in the baseband.

(1)Design of Cascade Integrator Comb Filter
and Compensation Filter

The filter choice depends on the factors that
make it difficult to implement the digital
decimation filter. The sampling rate is high the
decimation filter perform very well to remove the
excess quantization noise. The comb filter is not
veryféﬁ‘egfﬂ%ué?tf)errﬁ%%?gvﬁ{é’ I%’r%lé volume of out
of band quantization noise generated by Sigma-
Delta Modulator. The most
economical and simplest filter to reduce the input
sampling rate is a CIC filter,such a filter does not
require a multiplier because filter coefficients are
all unity. Also the frequency response of the
comb-filter can cause substantial magnitude
drooping at the upper region of baseband. So for
those applications which cannot tolerate this
distortion, the comb-filter is being used in
conjunction with one or more additional digital
filter stages. The cascaded comb filter is used in
this design because it was found that using more
than two cascaded comb filter did not improve the
trade of between signal to noise rate of the coded
output and the OSR. The decoder for this
structure was identical to the shown in Fig[2].

additional constraint that the digital signal
Comb > Comb > R/4
Filter Filter

v

Baseband |
Filter

| 4

Fig.[2]

Cascade Integrated Comb filter

To perform the filtering operation full precision
filter coefficient where zero padded by R to
match the oversampling ratio of the sigma-delta
modulator. Decoder circuit comprising cascade
comb and base band filter where used to remove
the quantization noise and aliases from the filter
out put signal. In all of these schemes the output
signal was in a multi bit format.

(2) Mathemetical Model --

The comb filter operation is equivalent to
rectangular window finite impulse response filter
(FIR). The comb filter must be used in
conjunction with one or more additional digital
filter stages.
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A comb filter of length K is a FIR filter
with all K coefficients equal is one. The transfer
function of a comb filter is

Where Hi(Z)= [ L _1} and
1-7

H,(Z)HC(Z) covere. 3)

He(2) = -2 %] X (2)

We generalize equation number (3) for N number
of integrator comb filter pairs, and R is the rate
change factor. The equivalent time domain
impulse response of CIC filter can be viewed as a
cascade of N rectangle pulses[13]. Each
rectangular pulse has RM taps, then equation (3)
becomes

Y(2) N N ,— R
H(Z) = X(Z) =H,@)H.(Z)--@&

To overcome the magnitude drop, a FIR filter that
has a magnitude response that is the inverse of the
CIC filter can be applied to achieve frequency
response correction. Such filters are called
compensation filter[14]. The compensation filter
follows the CIC filter for data rate down
conversion. The compensation filter always
operates at the lower rate in a rate conversion
design[15].Now, since the comb filter will be

followed by an K: 1 decimator, the differentiation
function can be done at the lower rate.

The magnitude response of an multi-stage CIC
filter at high frenquency(fs).

(an) N
Hy(F)|= sin
O 15

N=no. of stage of CIC filter

for  large number of stage ,the CIC filter
frequency response does not have a wide,flat pass
band.Overcome the magnitude droop,a filter that
has a magnitude response is the inverse of the
CIC filter can be applied to achieve frequency
response correction is called CIC compensation
filters.The compensation filter operates at the
lower in a rate conversion design it achieve a
more efficient hardware solution.Magnitude
response of the compensation filter is the inverse
of CIC is[4,13].

_ sin (fmt/R) N_ nMf N
He®l= MR sin(Mf) = prpmrd
=[sinct(MHN (6)

In this equation,M is the differential delay it is
limited to lor2.

Response of above function is plotted for CIC
filter at low frequency fs/R,here compensation
filter operates at half of low frequency fs/R .For
the compensation filters to avoid aliasing, the cut-
off frequency(fc) is fe<(fs/R)/4.
The frequency response of above filter is shown in
Fig[3],and table-1 shows the comparative study of
filter.
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Fig.[3] frequency v/s magnitude response of CIC and compensation filter

TABLE—1

PASSBAND -DROOP COMPENSATION CHART

Filter with decimation factor = 96

Magnitude (dB) of Passband droop at Normalized

Frequency for( fs

0.005 |.010 |.0125 |.0150|.0175| .020
Single stage CIC filter 69.79 |68.73 | 67.61 |65.12|62.79 | 58.23
Compensated CIC with one FIR filter | 37.21 | 37.21 |36.73 |32.11 | 16.62 | -43.18
stage
Compensated CIC with two FIR filter | 37.21 | 37.21 |36.83 |33.13|5.63 |-42.21
stage 3

Matlab Simulation-

To determine filter characteristic and performance
one behavior model of second order Sigma Delta
ADC designed and simulated using MATLAB-

SIMULINK. Through MATLAB simulation it
was found that short wavelength filter has a
superior performance than the others that is single

bit filter.
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Fig. [4] magnitude response of CIC + compensation filter and it’s noise
Result-The output of modulator is a signal bit recorded data the pass-band is very sharp in CIC
data applied into decimation filter and it simulate compensation filter and noise is also reduced by
in MATLAB.The magnitude and noise spectrum 5.8% [14,15].Logic analyzer output is shown in
of CIC compensation filter is desirable and table-3.

comparative study is given in table-2. From

TABLE-2

Comparative study of different type of filter and different characteristic

Filter type Pass band | Magnitude | Stop band | Pass band | SNR(db)
ripple(dB) of  pass | attenuation(dB) | edge f/R
band (dB)
CIC filter 071 80.3 91.6 42 98.07
CIC .048 90.5 91.5 22 104.08
compensation
filter
TABLE-3

Output value of sine wave
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input Sign | Binary form Decimal Analog
parameters | bit Equivalent | Equivalent
V)

Vin=1.2 0 10010000110100 | 09268 +.3188
volt (p-p), |1 10000011001001 | 08393 - 0.3035

0 10010101001000 | 09544 +0.3469
Frequency | 1 10000111001010 | 08650 - 0.3165
=3kHz  'o [11101100101000 | 15144 +0.5532

1 11111011010100 | 16084 - 0.5626

Conclusion-The Sigma-Delta modulator and CIC
compensation digital filter reduce noise this also
gives overall 14 bit resolution[16] .The discrete
output value coincide with sine wave then noise
and buffering problem is reduce in this filter.
Output noise is also eliminated by using narrow -
band filter.
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