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Design and Implementation of a Novel Area- Efficient Interpolator ~
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Abstract : This paper presents the design considerations and i mplementation of an areaefficient interpolator suit-
able for a deltasigma D/ A converter. In an effort to reduce the area and design complexity ,a method for desig-
ning an FIR filter as a tapped cascaded interconnection of identical subfilters is modified. The proposed subfilter
structure further minimizes the arithmetic number. Experimental results show that the proposed interpolator a-
chieves the design specification,exhibiting high perf ormance and hardware efficiency,and also has good noise re-
jection capability. The interpolation filter can be applied to a deltasigma DA C and is fully functional.
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1 Introduction

Sgmadelta @A) digital-to-analog converters
(DACs) offer a way to achieve high resolution and
low distortion with relaxed post-analog filter re-
guirements at a lower cost than conventional
Nyquist converters® ®. This benefit has long been
recognized and utilized in digital audio systems,in
which a large (16 24bits) dynamic range is re-
quired at relatively modest sgnal bandwidths of
less than 20k Hz. A typical ZA DAC,as shown in
Fig. 1,conssts of a digital interpolation filter to
bring the input sample rate up to the modulator
rate,a modulator to reduce the word width by
trading off the out-of-band noise,and a 1hit D/ A
for out-of-band noisefiltering and analog sgnal re-
construction.

Digital| [niemolation [V-bits] T4 1-bit | | pix |Analog

———
input Iter Mfs | modulator [, | D/A [output

Fig.1 Block diagram of sigmadelta DAC

In mixed digital/ analog (D/ A) integrated sys
tems ,digital signal processing (DSP) takes the ma-
jority of the dlicon area,while the analog circuitry
islimited to a very small portion. Therefore,the
main obstacle in a sgmadelta DACisthe low effi-
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ciency of the area integration of the interpolator.

In this paper ,we present a high performance
interpolator structure that can be easily implemen-
tedin a small area. The optimization is performed
9 that the overall interpolator contains no general
multipliers. Thisis achieved by usng hardware ef-
ficient FIRfiltersin atapped cascaded i nterconnec-
tion of identical sub-filters™ ,which requires no
multipliers. Furthermore ,as each pair of sub-filters
is replaced by one of our proposed novel struc
tures,the number of adders required further de
creases.

2 Architecture

In sampled-data systems, interpolators are
used to increase the sampling rate of a signal.
When a high oversampling ratio is required ,a cas
cade of interpolation stages is generally used.
This results in a sgnificant reduction in overall
hardware complexity as compared to a general sn-
gestage desgn. The digital filter can be pro-
grammed to implement the three stage 128-times
interpolation filter that is shownin Fig.2(M1=2,
M2=2,M3=32).

A cascade of two stagesincreases the sampling
rate by afactor of 4. The use of two half-band fil-
tersfor this purpose provides increased efficiency
as compared to a smilar desgn employing only one
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Table 1 Specification of halfband and sinc filters
el 12 s B |—] 12 [+ #)
fs 2fs | 4fs |2 Nobalize Tvoe of Passband | Sampling | Stopband
Upsample Upsample Sage f)illpter OSR | frequency | frequency |attenuation
/ kHz / kHz / dB
4fs
) 1 Hafband | 2 20 9% 120
2 Half band 2 20 192 60
3 dnc 32 20 6144 40

Fg.2 Block diagram of interpolation filter

half-band filter. They are characterized by the same
stop-band and passband ripples and symmetric
cutoff frequency at aroundTt/ 2. Approximately half
of the coefficients in the two halfband filters are
zero , thereby reducing their computational com-
plexity by nearly 50 % as compared to a general di-
rect-form filter architecture. This reduction, to-
gether with their symmetric impul se responses,al-
lows the first and second halfband filters to be
specified by only 13 and 6 non-zero coefficients, re-
spectively.

A comb filter provides the remaining factor-of-
32 increase in the sampling rate. The advantage of
comb filters is their ample structure,which does
not require any multiplier or coefficient storage ,as
compared with traditional FIR filters™!. They are
most efficiently implemented by cascading L stages
of differentiators operating at low sample rates
(4fs) [followed by L stages of cascaded accumula
tors operating at high sample rates (128fs) . Such
architecture utilizes wrap-around arithmetic and is
inherently stable. The trander function for a comb
filter has the general form:

R R R SN
Hi(2) = (o x 7o) (1)
where
K= M/4 (2)

The filter has a sncshaped frequency response,
with notches at integer multiplesof finto reject im-
ages. Here a dnc filter of second order is suffi-
cient ,because high frequency i mages are not critical
to the performance of the subsequent sgmadelta
modulator. By changing K,the same interpolator
structure can be used for many interpolation ratios
M. In other words ,the architecture of the comb fil-
ter isfixed and independent of theinterpolation ra
tio. The detailed specifications of the half band and
sinc filters discussed in thispaper are shownin Tar
ble 1.

3 Implementation of the inter polator

3.1 Moadified half band filter topol ogy

This section presents the design of H:(z) and
Hz (z) ,which was accomplished by adopting the
method proposed in Ref. [10] for optimally desg-
ning an FIRfilter as a tapped cascaded i nterconnec-
tion of identical subfilters. Such afilter’ s main ad-
vantage liesin the fact that it has lower sendtivity
to finite word length effect than traditional FIR fil-
ters do. If a traditional halfband FIR filter is used
to meet the specification of Hi (z) ,it would be
nearly imposs ble to achieve a stopband attenuation
of 120dB ,assuming the coefficients are quantized to
8hits. If the coefficients are quantized to 20bits,the
required filter order in this instance is more than
100 ,which is not an efficient and multiplier-lessfil-
ter.

The trander functions of halfband filters are:

Hi(2) = ¢(0) 2™ + Fi(Z) 3)
where
Fi(z) = ZC(ZK +1)( H11(Z))2k+1 7 (45-15K)
(4)
with

7

Hu(z) = rZh(Zn)(z'”+z'(15'")) (5)

H2(2) = d(0) z° + F(2°) (6)

where
1

F(z) = »Z d(2k + _’]_)[ Ha (2) ]2k+1 5 (330
(7

with
Hi2(2) = zg(zn)(z—n ;o7 @) )

Coefficients h(n) , g(n) ,c(n) ,and d(n) are shown
in Tables 2 and 3, respectively.
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Table 2 Coefficients of thefirst halfband filter Hi(2)

Fixed codficients CSD encoding
h(0) = h(30) - 0.0078125 -2
h(2) = h(28) 0.015625 2-6
h(4) = h(26) - 0.0234375 -2°5+42°7
h(6) = h(24) 0. 0390625 25427
h(8) = h(22) - 0.0625 -2-4
h(10) = h(20) 0.109375 2-3-2-6
h(12) = h(18) - 0.203125 -2°242-4.2-6
h(14) = h(16) 0.6328125 2-1+42-842-7
H(2k+1) 0 0
c(7) - 0.15625 -2-8-2°5
c(5) 0. 65625 2-t+42-8342-5
c(3) - 1.09375 -20-2-83+2-5
c(1) 1.09375 20+2-3.2-5
c(0) 0.5 2-1
c(2k) (k>0) 0 0

Table 3 Coeéficients of the second h

alf band filter Hz(2)

Fixed codficients

C3SD encoding

a(0) = qg(6) - 0.0859375 -2°342°542°7
a(2) = a(4) 0.578125 2-14+2-442-6
a(2k+1) 0 0

d(3) -0.5 -2°1

d(2) 0 0

d(1) 1.5 2t-2-1

d(0) 1 20

Asillustrated in Fig. 2 ,theinput sgnal is up-
sampled by the oversampling ratio 2,and then a
cascaded half band filter is used to remove spectral
images of the baseband input centered at multiples
of fs. In order to further minimize the number of
registers,the traditional topology is modified by
combing the upsample with the half band filter. By
putting the operation of filtering before upsanr
pling ,the basic delay element F. () ,z *,can be
replaced by z *. Therefore ,the number of registers
is reduced by half. The structures resulting by
properly sharing the delays between the two bran-
ches are shown in Fig. 3. Figure 3 (a) gives the
structure for Hi(z) ,and Figure 3(b) for Hz(2).
One of the branches is a pure delay term. For
Hi (2) ,the other branchis a tapped cascaded inter-
connection of seven identical subfiltersof order 15,
and for Hz(2) ,theother branch consistsof threei-
dentical subfilters of order 3. These subfilters can
be implemented eff ectively using a polyphase struc-
ture based on the commutative model.

Upsample2

®)

Fig.3 Proposed structure of first-stage interpolator M1 =2 (a) and second- stage interpolator M2 =2 (h)

3.2 CD coding

The subfilter coefficients and tapped coeffi-
cientsfor Hi(z) and Hz (z) are given in the left
part of Tables 2 and 3,respectively. Any fraction
can be expressed as™

L
X = Sk2 Pk 9
5o @

wheresc {-1,0,1} and p« {0,1, ,M}. The
representation given by Eq. (9) has M + 1 total
(ternary ) digitsand L nonzero digits . The CSD

representation is defined as the minimal represen-
tation in which no two nonzero digits s« are adja
cent. Thus the number of adders required to realize
a CSD codfficient is one less than the number of
nonzero digitsin thefraction. For any coefficient in
FIRfiltersthat can be trandated into a CSD coeffi-
cient ,we develop a MA TL AB program to generate
and optimize the CSD coefficients of general FIR
filters. The CSD coefficientsfor halfband filters Hi
(z) and Hz(z) are shown in the right part of Ta
bles 2 and 3 ,respectively.
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3.3 Proposed subfilter algorithm

The key block in the modified half band topol-
ogy istheidentical subfilter. Optimizing this subfil-
ter structure is critical in decreasng the area and
power consumption of the entire half band filter. In
this study ,a novel subfilter topology is proposed
for reducing the number of adders and multipliers
without sacrificing performance.

Asnoted in Fig.3(b) ,there are three identical
subfilters Hi2 (z) in theimplementation of H2(2z).
Thefirst two subfilters can beintegrated into a no-
vel structure as shown in Fig. 4 (b). With this
structure ,the number of adders and multipliersis
reduced by 50 %.

The traditional structure for two cascaded i-
dentical filters Hi (z) is shown in Fig. 4 (a) ,and
the equivalent structure is shown in Fig.4(b). In
Fig.4(a) ,theintermediate signal Y: (n) can be ex-
pressed as

Yi(n) = _Zg(Zj) X x1(n- j) (10)

and

Ya(n) = ‘Zg(Zj) x Yi(n- j) (11)

Hy(2)

x,(n) Y,(n) H(z)

3 |
>

]

— x.\n

s»vitcﬁ(
4fs

T Selecs
Input1* ()

®)

Fig.4 Traditional and proposed structures for casca
ded subfilters

The main part of the equivalent filter can be
seen as an FIR filter with a length of 7. The input
and output of this FIR filter are x2 (n) and Y(n) ,
respectively. Its coefficient is b(n) ,and its clock

frequency isfirst assumed to be 2fs (the sampling
frequency of the stage two interpolator) . The rela
tionship between b(n) and g(n) is given as fol-
lows.
b(2m) = g(2m)
b2m+1) =0
The input signal x. (n) is the output of the
switch. It functions as follows: When n = 2k, the
switch selects signal x: (n) asitsoutput ,and when
n=2k+1 ,the switch sdlects the signal y(n- 1) as
itsoutput. Thus,xz (n) can be expressed as:
X2(2k) = X1(k)
x2(2k +1) = y(2k)
The output signal of this equivalent FIR filter can
be expressed as

m=0,1,2,3 (12

(13)

Y(n) = Z b(j) X x2(n - j) (14)

Substituting Egs. (12) and (13) into Eg. (14)
gives

Y(2K) =y 92) X xlk- )
= (15)
Y2k+D = §9(2) x Yilk- )

Comparing Eg. (15) with Egs. (10) and (11) gives
Y(2k) = Y1(k)
Y2k +1) = Y2(k)

The output signal Y(n) is desired to be the
same as the traditional cascaded filter output
Y2 (n) . The above Equation (16) show that when n
=2k+1,the signal Y(n) has the same value as Y-
(K . Thus Y(n) can be viewed as smply inserting
oneinvalid val ue between each pair of adjacent val-
uesin Yz (n). The clock frequency of the registers
in the equivalent filter isthen increased to 4fs ,and
the signal Y(n) isconnected to an additional regis
ter (regl) that operates at the frequency of 2fs.
Thus the output of regl will yield the desred dg-
nal ,whichisthe same as Y2(n).

In practice ,the register that operates at afre
quency of 4fsis replaced by a set of double-edged
registers proposed in Refs. [13,14] ,which can re-
duce the clock frequency to 2fs and lower the pow-
er consumption of the circuits.

By uding the type of structure illustrated in
Fig.4(b) ,two subfilters are replaced by the pro-
posed structure with the number of required adders
and multipliers reduced by half ,smply at a cost of
one selector and two registers. This greatly aidsin
reducing the area and power disspation of the dig-

(16)
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ital interpolator.

The first half band filter can al so be implemen-
ted usng a smilar structure to Fig.4(b) ,although
more coefficients and delay terms are required. The
magnitude responses of each stage of the interpola
tion filter are shown in Fig.5. It can be easly seen
that the specifications stated in Section 2 are fully
met with this reduced area consumption. In hard-
ware implementations of digital filters,ripple-carry
adders were used ,while the multiplexers and the
shifters were implemented with smple pass tran-
sistor logic.

E N |
oL,
w w
383 o
T 17 0
o

50 100 150 200 250

=)
!
X
A
1
;

\ gy H. L
yi Y i W
-150k N i | .

0 S0 100 150 200 250

-~
-
~a
-

———

Amplitude/dB  Amplitude/dB  Amplitude/dB
<
S
Vs

L L
<7
~

50100 150 200 250
Frequency/kHz

Fig.5 Magnitude responses of the three stages of the
interpolation filter

4 Experiment results

The digital interpolation filter depictedin Fig.
2 and the singleloop five-order sgma-delta modula
tor have been implemented and al o targeted to an
FPGA device provided by Xilinx™ with the
XC2V 2000 device chosen. Together with the 1-hbit
D/ A fabricated in SMIC 0. 18 U m mixed-signal
CMOS technology , the three blocks are integrated
to implement a whole deltacsgma DAC. The delta
sgma DAC has been tested and found to be fully
functional. Compared to the conventional half band
filter implemented with a general direct-form to-
pology , the area of our proposed interpolation fil-
ter is reduced by 40 % as the number of adders and
shifters required to meet the filter specificationsis
decreased by half through adopting the proposed
half band filter topology , while the number of reg-
isters remains nearly the same. Figure 6 shows the
measured output spectrum of the interpolator ex-

cited by a 0. 9375k Hz snusoidal input. The inter-
polator was clocked by the FPGA boarditself. The
output of the interpolation filter was acquired with
Tektronix 715 logic anal yzer to verify the f unction-
ality. The spectrum wasobtained by Hanning win-
dowed 2'°-point FFT. It can be observed from Fig.
6 that the noise floor maintained in the filter is a
bout 120dB. Both sSmulation and experiment re-
sults confirm the 120dB attenuation of stopband.
Theinterpolationfilter has already been appliedin-
to a deltaesgma DAC, and found to be fully func
tional.

Amplitude/dB

8526 & 10 12 14 16 18 20
Input frequency/kHz

Fig.6 Measured baseband output spectrum

5 Conclusion

A low area has been achieved in a digital inter-
polation filter by means of reducing computational
complexity. The use of multistage architecture
comprising halfband and sinc filters reduces the
number of arithmetic computations to the extent
that they can be performed with smple logic ele
mentsinstead of a dedicated multiplier. A half band
filter topology is modified to reduce the number of
adders and therefore the area. Furthermore, the
proposed subfilter structure greatly aids in reduc
ing the area and power disspation of the digital in-
terpolator. Smulations and measurements confirm
the suitability of the proposed architecture for the
implementation of an arearefficient digital interpo-
lation filter.
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