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Design Of Multirate Linear Phase Decimation 
Filters For Oversampling Adcs 

 
Phanendrababu H, ArvindChoubey 

 
Abstract:This brief presents the design of a audio pass band decimation filter for Delta-Sigma analog-to-digital converters. The contribution of this work 
is the implementation of a multi-rate system of Finite Impulse Response (FIR) decimation filters of linear phase supporting decimation ratios of 32 to 128. 

A three-stage decimation filter with down-sampling factor of 128 is developed. A fourth-order CIC (Cascaded Integrator-Comb) filter which reduces the 
sampling rate by 32 is implemented non-recursively using cascaded form of realization in first stage. Two half band filters follow the CIC filter each 
reducing the sampling rate by two. The resulting filters features less pass band droop and higher folding-band attenuation than traditional filters. The 

system level analysis of the design is done on MATLAB and comparisons with other works in literature are provided.  
 
Index Terms— Cascaded integrator comb, decimation, finite impulse response filters, multi-rate, linear phase, Delta-Sigma ADC Minimum   

—————————— —————————— 
 

1. INTRODUCTION 
This considers the design of Decimation filters for 
oversampling rate applications like Delta-Sigma (∆∑) analog-
digital converters (ADC) with high-speed, high stop band 
attenuation and less complex hardware [1]. In order to meet 
the performance requirements of ∆∑ ADCs, the decimation 
filter is implemented as a cascade of several multi rate, linear-
phase stages. Accordingly, the ratio of the input rate to the 
width of the transition band is dramatically reduced for each of 
the individual stages. This implies a significant reduction in the 
overall hardware complexness as compared to a general 
single-stage design [2], [3]. The decimation filter has two major 
functioning: low-pass filtering and down-sampling [4], finally 
converts the low resolution high bit-rate data to high resolution 
low-frequency data. There are two major requirements for the 
frequency response of a decimation filter used in ∆∑ ADC. The 
first one is to attenuate out-of-band signals as well as reducing 
the modulator quantization noise sufficiently to meet the 
overall ADC performance objectives. The second one is 
passing the in-band signal without any attenuation. The 
cascaded integrated comb (CIC) filter is the most widely 
preferred and adopted approach as the first stage of Multi 
stage design due to its simplicity, which requires no 
multiplication and coefficient storage. The transfer function 
ofKth order CIC filter can be expressed in either a recursive 
form, or a non-recursive form as written in Equations (1) and 
Equations (2) respectively: 
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Where M is the decimation factor and K is the numbers 
cascaded SINC stages. Even though a comb filter is 
computationally effective, its magnitude response exhibits a 
high pass band droop in the frequency range [0, ωc], 
 
ωc = π /D = π /(M. ρ),     (3) 

 
Where D = M. ρ is the total decimation factor and ρ is the 
residual decimation factor of the further stages in the 
multistage architecture. Moreover, comb filters have a low 
attenuation in the folding bands Wi, 
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for i = 1, 2, ….., M/2 
 
In most existing implementations for audio applications, the 
filters have been implemented using several FIR filter stages, 
where the first stage is normally a cascade of comb filters. 
Efficient realisation of the recursive comb filter proposed by 
Hogenauer [4] is the cascaded-integrator-comb (CIC) filter, 
which consists of two main sections: an integrator and a comb, 
separated by a down-sampler. Various methods have 
modelled the power consumption of the recursive and non-
recursive structures [5-6] in Eq. (1) and (2). The extended 
previous models for the estimation of power and complexity of 
recursive and non-recursive comb filters providing a guideline 
of the power and implementation complexity by taking into 
account different factors [7]. This paper is organized as 
follows: Description of two stage Decimation filter architecture 
is presented in Section 2. The Implemented structure is given 
in Section 3. Finally, section 4 and 5 provides discussion of 
results and conclusions respectively. 
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2. TWO STAGE DECIMATION FILTER 
The advantage of a multi-stage decimation filter is that a sharp 
low-pass filter must be realized only at the last stage. In 
addition, the follow-on FIR filters operate at reduced clock 
rates minimizing power consumption in high-speed hardware 
applications. The simplest architecture of the decimation filter 
is the CIC filter followed by another FIR filter. A linear-phase 
two-stage decimate-by-128 filter with identical architecture 
was developed in [2]. The system diagram of such a filter is 
depicted in Fig. 1. CIC filters are an excellent choice for the 
first stage of decimation due to their simple implementation; 
however, additional care must be taken in the design stage to 
limit their order. Implementing a high-order CIC filter combined 
with the large decimation factor requires a high intermediate 
word length. Since CIC filters operate at the highest 
frequency, their power consumption is accordingly increased 
considerably. Consequently, it is preferred to design a low-
order CIC filter to save power, by using fewer bits in higher 
frequencies. Decimation filters reported in [2], [8] and [9] 
employ high order CIC filters which are generally undesirable. 
The Frequency response of M-times averaging CIC filter 
includes succeeding zeros at fs/M intervals. After M-times 
down-sampling, these zeros fold back over zero frequency. 
Any signal in the band Wi, get aliased in the desired pass 
band. The attenuation offered by the CIC filter in these 
intervals should be ideally infinity that is gain should be zero; 
these intervals are denoted as null intervals or folding bands, 
because after the Down Sampling by a factor of M, only the 
spectrum in the null intervals folds inside the desired signal 
bandwidth. The remaining stop band intervals are called as 
free intervals. The following stages of CIC filter takes care of 
attenuating these folding bands further. In practical 
applications, only the frequency response of the first stage of 
the decimation filter can be relaxed.  
 

 
Fig.1. System diagram of a two- stage decimation filter 
 
Examining the overall frequency response of a multi-stage 
filter is a major challenge and additional care must be taken at 
design time. For example, one should filter and then down-
sample rather than down-sampling and then filtering [10]. A 
multi-rate filter and its equivalent single-rate filter is shown in 
Fig. 2. 
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Fig. 2. (a) Block diagram of a multi-stage multi-rate decimation 
filter (b) Block diagram of its single rate equivalent 
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(b) 

 
Fig. 3. (a) Direct Recursive form Implementation of order four 
CIC filter (b) Hogenauer Implementation 
 
To efficiently perform the decimation a two-stage decimation 
filter was used in [2] and [9]. A multi stage comb filter was 
developed using Hogenauer architecture [4] in which the 
actual transfer function is implemented in two steps. In step 
one, accumulation operations are performed and then signal is 
down sampled by factor M before doing the Subtractions, as 
depicted in Fig. 3 (b). The disadvantage with the Hogenauer 
architecture is the first stage accumulators works at very high 
oversampling rate which is power consuming. A bit-serial finite 
impulse response (FIR) filter was used for the second stage 
which decimates the signal further by factor ρ. In the 
decimation filter design the last stage must be a sharp low-
pass filter for which the order of the filter need is very high. 
The next session discusses the actual implementation in 
which two half band filter stages are used following the 
cascaded FIR implementation of CIC filter.  
 

3. THREE STAGE DECIMATION FILTER 
For this design, a linear phase, decimation by 128 filter was 
developed with minimum stop band attenuation of -50dB to the 
maximum attenuation above -150 dB and less than .0003 dB 
pass band ripple. The pass band is specified from DC to 21.6 
kHz, and the transition band from 21.6 kHz to 29.36 kHz. The 
implemented architecture shown in Fig. 4 has two interesting 
features. Firstly, all the stages are implemented non-
recursively hence the linear phase response is ensured.  
Secondly two half band filter stages, each decimating by factor 
two are used following the CIC filter, which reduces the 
hardware and power and hence simplifies the design.  
 

 
Fig. 4. Architecture of implemented decimation filter 

 

3.1. Stage-1 CIC filter Design 
Generally, the mostly preferred CIC filter as a first stage of 
multistage decimation filter design has to work at 
oversampling rate and perform the majority of Decimation. In 
this design, a 4th order comb filter is designed to perform the 
decimation by 32.  The transfer function H (z) of this comb 
filter is  
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In many of the earlier works CIC filter stage was implemented 
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using Hogenauer structure, which resembles an FIR stage 
followed by IIR stage. To ensure the stability the minimum 
word length needed at the output of the first stage is 
(bin+log232), where bin is the number of bits at the input of the 
decimation filter. The major demerit of the Hogenauer 
structure is that the IIR filter stage, which performs 
accumulation, is operated at oversampling frequency and 
hence drastically consumes the power. To decrease the power 
consumption, the comb filter is designed multistage, cascaded 
FIR filters, each stage performing decimation by a factor two 
as in [9]. From [9] the equation of the transfer function of the 
structure is  
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Fig. 5. CIC filter implementation as cascaded FIR decimating 

by 2 
 

The structure is illustrated in Fig. 5. In this architecture, the 
comb filter is accomplished by cascading log232 = 5 similar 
FIR filters (1+z-1)4, each decimating by 2. This way of 
designing CIC filter has the merit of avoided instability and the 
word length of the each stage ‗i‘ limited (bin + 4 * i) bits. The 
magnitude response of the 4th order cascaded FIR comb filter 
is shown in Fig. 6 (a).The cascaded FIR comb filter also 
results in a small amount of in-band droop that must be 
compensated in the end stages. 
 

3.2. Two Half-Band Filter Stages 

The used fourth- order CIC filter reduces the sampling rate by 
a factor 32. The remaining sampling rate reduction to the 
Nyquist output rate of 48 kHz is achieved efficiently with two 
cascaded half-band filters. In the two half-band filters all, but 
one of the odd coefficients are zero, thereby reducing the 
computational complexity by nearly 50% as compared to 
general direct-form filters architecture in [9]. This reduction, 
coupled with the symmetric property of the filter impulse 
response, allows it to be specified by number of coefficients 
equal to only one fourth of the order of the filter. These half-
band filters also compensate droop in the pass band of CIC 
stage to some extent. 

(a) 
 

 (b) 
 

Fig. 6. (a) The frequency response of CIC filter (b) The 
combined frequency response of the Half-Band filters 

 
The first half-band filter is chosen to have a wide transition 
band. A tenth order half-band filter that has a stop band 
attenuation of 60 dB is chosen. This filter operates with the 
clock frequency of 192 kHz. The aliasing band lies in the 
region 72 kHz to 96 kHz. The second half band filter is the 
most stringent one as the means of meeting the requirements 
on magnitude response, which is reflected in its considerably 
increased order compared to the other stages. The second 
half-band filter provides the final filtering before the signal is 
down sampled to its Nyquist rate (48 kHz). The filter is 
designed to have a narrow transition band and a stop band 
attenuation of 50 dB. A fiftieth order filter is chosen. This filter 
operates with the clock frequency of 96 kHz. The aliasing 
band lies in the region 24 kHz to 48 kHz. 
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TABLE 1 

ATTENUATION OFFERED BY DIFFERENT STAGES OF 

DECIMATION FILTER 

CIC filter 
Half Band 

Filter Stage1 
Half Band  

Filter Stage2 

-45 dB -50 dB -62 

 
The combined frequency response of the first and the second 
half-band filters are shown in Fig. 6(b). The magnitude of the 
frequency response of the overall filter is shown in Fig.7, 
which depicts the minimum attenuation in the first folding band 
is -60dB and attenuations below -140dB in farther folding 
bands of Stop band.  The attenuations offered by the 
individual stages are given in Table1. This approach also 
permits the realization of decimation factors D= 32, 64 and 
achieved 16 bit resolution with Signal-to-Quantization noise 
ratio 108dB. 

 

 
Fig. 7.  The overall frequency response of the decimation filter 

 

4. SIMULATED RESULTS AND COMPARISON  
The proposed decimation filter has been designed and 
compared with the results of Decimation filter proposed in [9]. 
The design improvement is obtained by using two stages of 
Half-band filters each or order 10 and 50 respectively instead 
of using a single 55th order FIR filter down sampling by factor  
The use of Half-band filters simplifies the hardware 
requirement in the form of Multipliers needed. Results of 
orders of the filters are included in Table1. The attenuation 
offered by the two half-band filters in the folding bands is much 
higher than Singles Stage FIR filter in afore mentioned one. 
The comparison of attenuations offered is given in Table2.The 
decimation filter here implemented is providing the SNR of 108 
dB which can achieve 16 bits of accuracy.  The implemented 
architecture of decimation filter simplified the hardware with 
better stop band performance. 
 

TABLE 2 
ORDERS OF DIFFERENT STAGES OF DECIMATION FILTER 

Filter CIC filter 
FIR filter 

Stage 
Half BandFilters 

 

[9] 4 55 
 

Not used 
 

Proposed 4 Not used 10 50 

 
TABLE 3 

 MINIMUM ATTENUATIONS OFFERED BY DIFFERENT 

STAGES OF DECIMATION FILTER 
 

Filter CIC filter 
FIR filter 

Stage 

[9] -45dB -45 dB 

Propose
d 

-45dB -62 dB 

 

5. CONCLUSION 
In this work, betterments in the choice of decimation stages 
after CIC filter stage are provided by using Half-band filters. 
The entire analysis of the design was performed at a system 
level using Matlab. The use of multi- stage architecture 
comprising of CIC and half-band filters has reduced the 
number of arithmetic computations and order requirements of 
the individual half-band filter stages. The implemented design 
also achieved improvement in attenuation of folding bands 
compared to previous published work [9]. The further 
improvement in the performance can be achieved by using 
effective droop compensation filter stage. 
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