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ABSTRACT

The modification of the conventional CIC
(cascadedintegrator-comb) filter for rational sam-
ple rate conversion (SRC) in software defined radio
(SWR) systems is presented here. The conversion fac-
tor is a ratio of two mutually prime numbers, where
the decimation factor M can be expressed as a prod-
uct of two integers. The overall filter realization is
based on a stepped triangular form of the CIC im-
pulse response, the corresponding expanded cosine
filter, and sine-based compensation filter. This filter
performs sampling rate conversion efficiently by using
only additions/subtractions making it attractive for
software defined radio (SWR) applications.

Keywords: CIC filter, Rational sample rate conver-
sion, Software defined radio.

1. INTRODUCTION

The transfer function of the cascaded-integrator-
comb (CIC) filter for sampling rate conversion by a
factor M/L, shown in Fig. 1, is given by [1]
(1 . ZfDM)Kl (1 . ZfDL)K2

(1—z1)%

H(z) = (1)
where D is the delay of each comb stage and K =
K+ Ks.

This filter is very simple and uses only addi-
tions/subtractions. However, it has a limited number
of tuning parameters, and has a high passband droop,
and does not provide enough attenuation in the re-
gion of interest in the stopband. Various methods
have been proposed to improve the characteristics of
the conventional CIC filter to make them suitable for
software defined radio (SWR) applications, [2]-[8]. In
[2] is proposed a modified CIC filter of the form

1—z Py (1—2zP2) . (1—2P~
(7= L2222 L @)
1—z)
where D = Dy, D,, ..., Dy is a set of comb delays. It
has been shown that the modified CIC filter provides
higher image attenuation than the conventional CIC
filter. Additionally, the modified CIC filter provides
higher SNR, where the SNR is defined as the power
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ratio after lowpass filtering of the lowest power level
in the desired signal to the highest power level in the
images [2]. In [8] is presented one alternative modi-
fication of the CIC filter based on stepped triangular
form of the CIC impulse response and expanded co-
sine filters. The filter exhibits lower complexity and
better performances than the modified CIC filter in-
troduced in [2]. The main objective of this work is
to propose an alternate modification of the CIC filter
from [8] in order to achieve an improved SNR than
in [8]. Specially, we propose to cascade the simple
second order compensation multiplierless filter to the
modified CIC filter from [8]. The rest of the paper
is organized in the following way. Next sections in-
troduce the stepped triangular (ST) and ST-cosine
based CIC filters. The section 4 presents the new
compensation filter. The proposed structure is given
in Section 5 and illustrated with one example.

2. STEPPED TRIANGULAR CIC FILTER

We develop next the relation between the stepped
triangular impulse response filter and the CIC filter
of the order M

1 (1 — Z_M>

G ==

(3)
In general, the transfer function of ST CIC filter is
given by

11—zM11-z7NMN
T M1-2z1Ny, 1—zM

HST (Z) ;N1N2 = NLQ.

(4)

Note that Nj 2 can be can be either equal to or dif-
ferent than M. Considering the decimation factor M
is a product of two integers, i.e.,

M = M, M. (5)

eq. (4) can be rewritten as

1 1—zM 1 1—7zM 117NN
7]\421—2_]wl M, 1—2z1 Ny 1—zM

(6)

We relate N; and N, with M; and M, so that the
subfilters in Eq. (6) can be moved to a lower rate

HST (Z)
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using multirate identity [9]. Consequently, from Eq.
(6) we arrive at

11z 1 1-z"7 forN,=M,
M,1-zM [M, 1-2" N, =1
He (2) =
1 1z 1 1-z" forN,=M,
M,1-z" | M, 1-z"" N, =M,

(7)

Note that Ny in Eq. (7) is the number of levels in
ST impulse response. More levels result in better
magnitude characteristics. To this end we choose

1 1z 11—z
M, 1-z"™ {M_lzl for M, > M,
2 1

1o1az™ ] 1
M,1-z" | M, 1-2"

He (2) =
! for M, < M,

(8)
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Example 1:
We consider ST CIC filter for M=12.
From Eq. (8) we have
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The corresponding impulse responses are shown in
Fig. 2(a) and (b), while the associated gain responses
are presented in Fig. 2 (c), along with the gain re-
sponse of the overall CIC filter.

2
} for M, =4,M, =3,

H(z) = 3
11=z

31—z

for M, =3,M, =4.
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(a) N,= M;=4, N;=1, M,=3.
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(c) Gain responses.

Fig.2: FExample 1.

3. ST-COSINE CIC FILTER

Consider sampling rate conversion by a factor L/M
where M > L and the decimation factor can be ex-
pressed as in Eq. (3). We consider a decimation
filter which provides enough attenuation of the alias-
ing caused by down-sampling and also enough atten-
uation of images introduced by interpolation. It is
assumed that the signal occupies 3/4 of the available
band. Additionally, we propose to cascade an ex-
panded cosine filter H,,s(z) with ST CIC filter of Eq.
(8) to introduce an additional zero in the frequency
band where the worst case of aliasing occurs so as to
increase the SNR. The expanded filter is given by

Hepo (2) = (14 277) /2. (9)

where
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Rmin S R S M. (10)

The value of R which is equal to Ry, from Eq. (10)
usually results in higher aliasing attenuation. This
value is computed as using

Ruin = int [1/w1].

(11)

where int[.] means integer part of [.] and

2 31

MO Wrier Ty

w1 = 4M

(12)
The magnitude characteristic of H,s(2z) is given as
Heos (w) = cos (Rw/2) . (13)

Using Eqs. (8) and (9) we arrive at the transfer func-
tion of the ST-Cosine CIC decimation filter

(1 +z R

1 1—z_M]k1 [ 1 1—z—M1r2

Hiz)=|—>2 | |~
(2) [M21ZM1 M, 1— 71

2
(14)

where ki, ko and ks denote the corresponding stages
and

ko > 2k fOT M; > MQ;

ki > 2ko fO?” M; < M. (15)

Making use of the multirate identity [9] we have
the final structure which consists of three stages. In
general, the first stage is a cascade of k3 combs with
a delay R and ko integrators. The next stage is a
cascade of (ks — k1) combs or integrators as indicated
in Eq. (15). Finally, the last stage is a cascade of
ki combs. Note that for R=M, k3 combs from first
stage can be moved to the last stage with a unity de-
lay. Similarly for R = rM;, where r is an integer, the
cascade of combs with delay R can be moved from the
first stage to the second stage with a delay of r. The
complexity of the proposed filter, presented in terms
of their memory requirements and number of addi-
tions (or subtractions) per output sample (APOS), is
given in Table 1.

Table 1: Complezity of structure [8]
R Memory APOS
reqg.
R 2k, +Rk; kot [ Kook [ Myt (kstko)M
R=rM, 2kptrks | ket | ko-ki | MytksMot koM
R=M 2k2+k3 k1+k3+ | kz-kl | M2+ k2M
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In the following example we compare the ST-cosine
CIC structure with the one proposed in [2].

Example 2:

We apply the design of a sampling rate converter for
a conversion factor of 9/10 [2].

From Egs. (11) and (12) we have

wi =% —3x5&=0125
and Rmin:8

We choose M;=2 and M>=5, and R=8.Using k3=1,
k=8 and, k=4 from Eqs. (13) and (14) we have

11—z TT11-22 ' Ta+z®
H,(2)=| ¢ 2 | |5 o ( )
51-z 21-2 2

The corresponding gain responses are shown in Fig.
3.  The conventional CIC has two interpolation
gombs, two interpolation integrators, two decimation
combs, and two decimation integrators. The modified
CIC filter [2] of the same order N=4 has four combs
with the delays 16, 14, 12 and 10, and four integra-
tors, all working at the high input rate. The corre-
sponding SNRs are 15 dB (Conventional CIC), 50 dB
(Modified CIC [2]) and 58.9 dB, [8], respectively. The
modified CIC filter requires: 16+14+124104+4=56
memory elements, while the filter [8] requires 12 mem-
ory elements (Table 1). The filter [8] and the modified
CIC filter [2] require 73 and 80 APOS, respectively.
Therefore the filter [8] exhibits better performance
while having a lower complexity. The corresponding
structure is shown in Fig.4.

I I
~_ |=e=cIC |

0 e 1
| | | | |
M | |=xe= Modified CIC
8y | | | |===sSTCIC
i S R 7~ Rl T T
|

-100 - —

Gain, dB

-150 - —

-200 - —

250 — —

Fig.3: FEzxzample 2.

In the next section we introduce the simple compen-
sator filter in order to further improve SNR.
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Fig.4: Ezample 2: SRC 9/10, M1=2, M2=5.

4. COMPENSATION FILTER

Consider the filter with the magnitude response

|G (ein)’ =1+ 2P sin? (wM/2)|. (16)
Using the well known relation
sina = (1 — cos 2a) /2. (17)
the corresponding transfer function is given as
G(M) =B[1+Az M+ M. (18)
where B is the scaling factor,
B= -2, (19)
and
A=— [2(b+2) + 2] . (20)

Two principal characteristics of this filter are:

e The transfer function is a function of z= and us-
ing the multirate identity, [9] the filter can be moved
after the downsampling, and,

e The compensator filter is multiplier-free and has
only one coefficient A which can be realized using
only additions and shifts.

Figure 5 illustrates the magnitude responses of the
compensator filters for four different values of b along
with the magnitude responses of the CIC filter with
M = 8, and K=1 and 2.

Note that for the compensation of the CIC filter in
the narrow passband a good choice would be to use
b=3 for K=1, and b=2 for K=2. Similarly, for the
compensation in the wideband interval, a good choice
would be b=2, for K=1, and b=1 for K=2.

The same is confirmed in Figure 6 which shows the
gain responses of the compensated CIC filters along
with that of the CIC filter in the passband.

Different simulations show that the parameter b
mainly depends on the chosen value of ky, (for My <

M,), and ko (for My > M,), as given in the Table 2.

Magnitude

Fig.5: CIC and compensation filters.

Table 2: Typical parameters
Parameter K (K,) =~ Parameter b
8,9 -3
7 -2
5 0
4 1

5. PROPOSED FILTER

We propose to cascade the STCIC filter from
Eq.(14) with the compensated filter (18). Using Eqs
(14), (18) we have the proposed filter

H(z)=H,(2) G (ZM) . (21)

or

1 1—z—M]1‘1

1o =351
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Fig.6: CIC and compensated CIC filters.
11 ke, ke
x M; 1—2z1 2
xB[1+ Az M+ 272M] . (22)
Denoting
ko
1 _1ivks
le(z):<1z1> (1+Z ) .
_1\ ka—k1
Hp2 = (1 — Z )

Hys = (170" [1 = (22%2 42) Ar™ 4 272] (23)

and making use of the multirate identity [9] we have
the final structure shown in Fig. 7 The structure con-
sists of three stages. In general, the first stage is a
cascade of k3 combs with the delays Ry, and ks in-
tegrators. The next stage is a cascade of (ko — ki)
combs or integrators as indicated in Eq. (15). Fi-
nally, the last stage is a cascade of k; combs and a
second order filter. The complexity of the proposed
filter, presented in terms of their memory require-
ments and number of additions (or subtractions) per
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output sample (APOS), is given in Table 3.

Example 3:

We consider the design of a sampling rate converter

for a conversion factor of 9/10 from Example 2.
Choosing the same parameters as in Example 2

and additionally ks = 2, and b = -3 we have

—10 8 -2 4 —8 2
e = V] s [
<[1- (27 +2) 7t 22
The corresponding gain response is shown in Fig.
8 along with that of the filter from [8]. The proposed
filter has SNR of 73.16 dB, while the filters from [§]
and [2] have SNRs of 58.9dB, and 50dB, respectively.
The proposed filter requires 14 memory elements,
comparing with the number of 12 for the filter [§]
and 56 for the filter [2]. The number of APOS for the
proposed, and filters from [8], and [2] are 81, 73 and
80, respectively.
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(D/TE
Fig.8: FEzxample 3.
Table 3: Complezity of proposed structure
R Memory req. APOS
R 2k +Rk3+2 | kot | kok | M,
+(ks+ko)M+3
R=rM; 2k2+rk3+2 k1+ | k2-k1 | M2+k3M2+
koM+3
R=M 2kot+ka+2 ki+ka+ | Kok | Mo+
k,M+3

6. CONCLUSIONS

This paper has presented a new multiplierless dec-
imation filter for a rational conversion factor where
interpolation and decimation factors are mutually
prime numbers and the decimation factor is the prod-
uct of two simple factors M; and Ms. The proposed
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Fig.7: General structure.

filter is based on the stepped triangular CIC filter, ex-
panded cosine filters and the sine-based compensation
filter. The compensation filter is a simple second or-
der filter with one multiplier per output sample which
can be realized by shift and add operations. The pro-
posed filter has an improved SNR. The expense of
the frequency improvement is the slight increase of
memory elements and APOS.
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