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Abstract: This paper presents an efficient way to implement an interpolation filter in a 20bit 3-A DAC with an

oversampling ratio of 128. A multistage structure is used to reduce the complexity of filter coefficients and the fi-

nite word length effect. A novel method based on mixed-radix number representation is proposed to realize a poly-

phase multiplier-free half-band subfilter with a high resolution. This approach reduces the complexity of the con-

trol system and saves chip area dramatically. The IC is realized in a standard 0. 13xm CMOS process and the inter-

polation filter occupies less than 0. 63mm?® . This realization has desirable properties of regularity with simple hard-

ware devices which are suitable for VLSI and can be applied to many other high resolution data converters.
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1 Introduction

S-A digital-to-analog converters (DACs) are
widely used in high quality multi-media processing
chips because of their high resolution and their
ability to be easily integrated within the digital system
due to the advances in VLSI technology. For the dig-
ital-to-analog conversion functions, noise shaping and
oversampling principles play an important role in in-
hibiting noise. A general system diagram of a 3-A
DAC is depicted in Fig. 1"
ter changes the input data rate fy of x to an over-
sampled value M ,where M is the oversampling
ratio (OSR). The data then enters into a 3-A
noise shaping loop (NSL) and a coarse DAC,
which carries most of the quantization noise pow-
er outside of the baseband and changes the word

‘. An interpolation fil-
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length to a single bit. The following analog low-
pass filter (LPF) suppresses the noise outside of the
baseband and generates the analog output y.

This paper primarily focuses on the design
method and implementation of the high-perform-
ance interpolation filter, which suppresses the im-
age spectrum introduced by oversampling. In or-
der to realize an overall 20bit DAC, the noise has
to be attenuated to under a — 120dB level. In
many cases,a linear-phase finite impulse response
(FIR) filter is used since it has symmetric coeffi-
cients. In order to avoid using a hardware multi-
plier,which occupies a great amount of chip area,
many multiplier-free realizations are proposed
and most of them use sum-of-powers-of-two (SO-
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Fig.1 Block diagram of a 3-A DAC
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Fig. 2 Block diagram for an interpolating filter

where a is a filter coefficient,c; €{—-1,0,1},and
N determines the approach precision. In practice,
N should be very large to achieve high data reso-
lution, whereas the resulting coefficients based on
SOPOT are not uniform since the powers of two
can be quite different from ecach other. This re-
sults in irregularity of VLSI implementation and
greater hardware expenses because especially long
registers are needed to store small numbers.
Therefore,a SOPOT method leads to a trade-off
between data precision and chip area; thus, more
design effort is required. Compared to the uni-ra-
dix method such as SOPOT,another approach is to
approximate the coefficients by mixed-radix num-
ber representation (MRNR)'' . This method pro-
vides much higher bit precision and can be regu-
larly designed. Moreover, it reduces hardware re-
sources dramatically. However,it needs a compar-
atively complicated control system, thus a higher
clock speed is required. This paper combines the
merits of MRNR and the half-band FIR filter
technique to obtain high resolution while using
relatively less hardware resources and a less com-
plicated control system. In addition, a multistage
structure and polyphase architecture is used to
further reduce the algorithmic complexity of the
interpolation filter.

2  Architecture and algorithm

The interpolation filter is composed of an in-
terpolator and a digital filter, as shown in Fig. 2
(a). The interpolator inserts zero-valued samples
between each sample of input data x (n); *M
means to insert M — 1 zeros between adjacent
samples. The intermediate signal w(m) has M — 1
imaged replications of spectrum of x (n), which
should be attenuated by the filter & (m ). High
performance of the filter requires a very narrow
transition bandwidth,so the filter must have high

(a) General structure; (b) Four-stage structure

orders. A multistage structure is preferred because
it is easy to design,and it reduces the complexity
of filter coefficients and finite word length
effect. This paper describes the design of a four-
stage interpolation filter as shown in Fig. 2 (b).
The first subfilter HO compensates the passband
amplitude distortion caused by the following sub-
filters. The overall passband response stays well
within the limits of + 0. 003dB. The second subfil-
ter H1 is a half-band filter, which provides at lcast
120dB attenuation on stopband and the normal-
ized (by sampling rate) transition bandwidth is
less than 0. 1. Its performance determines the pre-
cision of the overall interpolation filter. HZ is also
a half-band filter which attenuates the image
spectrum caused by the second oversampling unit.
After subfilters H1 and HZ,the following subfilter
is less stringently required. Since the comb filter
has a simple structure and is easy to implement in
hardware,it constitutes the main part of H3.

2.1 Half-band filter design

A half-band filter is a special linear-phase
FIR filter with the order of N; —1 (N; is an odd
number) . The impulse response h(n) satisfies

hin) = h(N¢—1-n) (2)
Using another two important characteristics: (1)
Passband ripple 8, equals stopband ripple &5 (2)

Band edges are related to w, + w; = n, we find
h(n) satisfies
0.5, n=(N;—1/2
h = 3
() 0, n = other odd numbers )

Nearly half of the coefficients are zero. Take H2
for example. The stopband attenuation is designed
to be above 100dB, and the normalized transition
bandwidth is less than 0. 55. The filter coefficients
are listed in Table 1 by using the equiripple design
method™’ . It has the order of 26,15 of which are
nonzero numbers. Actually, there are only 8
unique numbers when taking account of symmetric
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Table 1 Coefficients of half-band filter H2

n h(n) n hn)
0,26 0.00018903727821 8,18 0.03640237667686

2.24 -0.00128751925222 | 10,16 —0.08707739259022
4,22 0.00503747813522 12.14 0.31145585454288
6,20 | —0.01471705807905 13 0.50000000000000
others 0

characteristics. Table 2 gives the coefficients of
H1.

2.2 Structure of half-band filter based on MRNR

Mixed-radix signed-digit number representa-
tions ( MRNR) with periodically time varying
(PTV) coefficients can provide much higher coef-
ficient approach precision than the SOPOT meth-
od. Given the filter coefficients A (n),an NK-dig-
it MRNR can be written as'®

K-1 N
h(n) = CY3 > e, o ry 0

k=0i=1
K-1 N-1
-1 i i —(K-1-k)
=Cr, EZC'H(k)rl’r2 s, n=0,1,-,M
k=0 i=0

D
where r, and r, are the radices,and M is the num-
ber of coefficients. When r, =4,PTV coefficients
¢! (k) are signed digits belonging to the set {0,
+1, £2},and the optimum choice of r, is

o = iy = 2042 (5)
The value of C that normalizes the range of rep-
resentation h(n) to[ —1,1] is in the form of 1 £
2°*+2 ' Here p,q.s,and t are the natural num-
bers. According to Eq. (4), the half-band filter
can be implemented by only shifters and adders.
Since ¢! (k) belongs to the set {0, £1, = 2},the
shift operation is simply one or two bits, which
can be hardwired. This method avoids long bit

)

Aei@).c,(B).c(4)
\ J

Fig.3 PTV data process by MR ;.

shift operations, thus improving the coefficient
approach precision deduced from Eq. (4) as

P =—log, (Cri"r,"""") +1 (6)
where P is the approach precision. From Eq. (6),
a larger N or K yields higher precision. This pa-
per selects N =3 and K = 5,s0 the bit precision
can be up to 32bit, which can be hardly achieved
by the SOPOT method. According to Eq. (4),
¢! (k) make up an N X K matrix,written as

) (0) ) (1) ) (2 )3 b
MRy =1c (0 ¢ () ¢ (2) ¢ (3 ¢ b
(0 () A2 i3

7

The matrix actually completes a PTV data

process, which is depicted in Fig. 3. The switch
connects from 1 to 5 periodically,and the function
f is determined by

fCel kel (k) el (k) = DIMR ) G+
i=0

lok+1) «r'y k=0,1,-,4 €))
Based on Eq. (4) and Fig. 3, a half-band filter
prototype structure is proposed in Fig. 4 (a). The
block D is a D flip-flop (DFF) as a delay unit.
The block DSH is a digital sample and hold unit,
which keeps the input data K times,so the signal
rate of DSH output is K times the input data rate.

Table 2 Coefficient of half-band filter H1

n hn) n h(n) n h(n) n h(n)
0,162 0.000000490846 22.140 —0.000146720483 44.118 0.002380922775 66.96 —0.017333390917
2,160 —0.000001139478 24,138 0.000201412111 46,116 —0.002899948773 68.94 0.021039274037
4,158 0.000002423614 26,136 —0.000272043421 48,114 0.003510540995 70,92 —0.025963893248
6,156 —0.000004618544 28,134 0.000362071671 50,112 —0.004226762620 72,90 0.032894964121
8,154 0.000008165154 30.132 —0.000475454602 52,110 0.005065520799 74.88 —0.043524175418
10,152 —0.000013650549 32,130 0.000616687385 54,108 —0.006047669323 76,86 0.062256284634
12,150 0.000021838608 34,128 —0.000790843562 56,106 0.007199681826 78,84 —0.105254308062
14.148 —0.000033702877 36,126 0.001003622789 58,104 —0.008556241936 80,82 0.318025956122
16.146 0.000050461492 38.124 —0.001261411343 60.102 0.010164361887 81 0.500000000000
18,144 —0.000073613426 40,122 0.001571362382 62,100 —-0.012090146949 others 0
20,142 0.000104975695 42,120 —0.001941508845 64,98 0.014430376956
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Each DSH output goes through M branches of
PTV coefficients with scaling by r, ' (i =0,1,,
N-1).Here M =(N;+5)/4,s0 there are 8 bran-
ches for subfilter H2. Consider that the block in
Fig. 3 is reused K times per sample. It requires
NM shift operations and NM — 1 addition opera-
tions within 1/K time of the input signal period.
Close scrutiny of Fig. 4 (a) reveals that fur-
ther simplification can be achieved. In Fig. 4 (a),
a signal at point a has a zero between every two
samples due to oversampling. These zeros will be
processed in the same way as nonzero numbers.
Thus, this wastes time and hardware resources. A
modified structure is proposed based on a simple
linear transformation"’ ,and the PTV coefficients
are changed to be
d, K+ = ¢ (s
7=0,1,>+,K—-1and g = 0,1 9
This realization saves half of the DFF delay units
to store data. However, it increases the burden of
timing control because the MR matrix is extended

to
d’-(0) d° (1) d’-(2) - d (D)
MR, -, =|d.- ) di- (D di(2) - d (D],
dy- () di (1) dye (@) e dle ()
n’ o= 0.1 M =2 (10)

It requires N(M — 1) shift operations and N(M —
1) — 1 addition operations within 1/2K time of
the input signal period. By comparing Eqs. (7,9,
10) ,we find
MR+, = (MR 2y s MR 27 1y (11)

Since about half of the half-band filter coeffi-
cients are zero and it is common that the MR ma-
trix of 0 is zero matrix Oy« g » we have

MR,:» n* = M-2

Onyxxs n* = others
Equation (12) shows that there is only one special
coefficient 0.5 that makes the pattern of
MR -,y 5, different from the other MR~ matri-
xes,i.e. ,

MR 1) = (12)

MR _ (MR 2y s MR .5 » n’
e (MRh@n” ) 7@N><K)a n”

=2M -3
= others
13>
From Eq. (13),the modified structure can be ef-
fectively simplified by the following representa-
tion:
(MR 207y s MRo.5) = (MR 207y sOnxx ) +

(@Nx[(vMRo”s) (14)

Polyphase architecture helps to realize the repre-
sentation in Eq. (14). Actually,the coefficient 0. 5
does not need any transformation and can be casi-
ly implemented by a 1bit shifter. A double-phase
half-band filter is designed using this method and
the coefficient g, (n) satisfies:

go(n) = h(n) —0.56(n —2M + 3)

8n () = () = 0.58(n — 2M + )

15
From Eq. (15), we see half of the elements of
MR [ g’y (n” )] are zero, which saves half the
time of operations, thus the control complexity is
reduced. This novel structure is depicted in Fig. 4
(b). It completes N(M — 1) shift operations and
N(M — 1) — 1 addition operations within 1/K
time of the input signal period. It uses only half of
the DFFs as the prototype and it maintains high
cocfficient precision. A comparison of structures
discussed here is listed in Table 3. The perform-
ance advantage of the proposed structure is appar-
ent.

2.3 Comb filter and compensation filter design

The comb subfilter is designed to accomplish
OSR = 32 oversampling and to filter the image
spectrum. We adopt a 4-order 5-stage multistage
structure. The transfer function of each stage is:

Hesoge = (L+ 27D = (427" +

4z + z27%) + 6277 (16)
The poly-phase method,as stated above,is used to
reduce the control complexity. The coefficients of
the comb filter are integers so it is easy to imple-
ment the structure using simple shifters and ad-
ders. The amplitude response of the comb filter
reveals that there is distortion at about 1dB in the
passband. In order to compensate for this effect,
the frequency sampling method'” is used to design
a pre-subfilter HO, which has the order of 10 and
is realized also based on MRNR.

3 Realization and experiment results

According to section 2, the basic operations
are shift and addition. The shifters and adders can
be reused several times as multiplexing cells. A
general multiplexing cell is designed as shown in
Fig.5 (a). It comprises two 16-1 multiplexers
(Mux1l and Mux2), two shifters, two 2-1 multi
plexers (Mux3 and Mux4), a full adder, and two
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Fig.4 Half-band filter with multifree realization based on MRNR (a) Prototype structure (N =

3, K =5);(b) Double-phase structure

DFFs. The control code of such shifters and multi-
plexers constitute the instruction of the cell, as
shown in Fig. 5 (b). The instruction is 18bits long
to complete the following functions: shift opera-
tion, direct addition, direct subtraction, addition

Table 3 Comparison of

with shift operation,subtraction with shift opera-
tion,and accumulation. The number of multiple-
xing cells depends on the complexity of the filter
itself and the signal rate. For instance, H1 needs 5
cells while HZ needs 2.

different structures

. . Least operation times .
Registers needed in the . . . Coefficient approach
Structure X during a signal period o
delay chain precision
shift addition

SOPOT method[ Eq. (1)] (4M —6) X word length - - hard to achieve 20bit
Prototype structure [ Fig.4(a) ] (4M - 6) X word length NMK (NM -1DK 32bit (N=3 and K =5)
Modified structure [Eq. (9)] (2M —1) X word length 2N(M-1DK [2LN(M-1)-1]K | 32bit (N=3 and K =5)
Proposed structure [ Fig. 4(b) ,this work] (2M - 1) X word length NM-DK | [N(M—-1)—-1]K 32bit (N =3 and K =5)
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Fig.5 (a) A general multiplexing cell; (b) Instruc- 4 Conclusions

tion format for a multiplexing cell

The interpolation filter is realized by using
VHDL, and synthesized by DC tools. Figure 6
gives the microphotograph of the overall 20bit
DAC,which is mainly comprised of two parts:the
digital part and the analog part. The DAC is fab-
ricated in a standard 0. 13pm CMOS process. The
digital part is composed of an interpolation filter
and a noise shaping loop. The filter takes up about
90% of total digital area, which is 0.9mm X
0. 7mm = 0. 63mm”.

Figure 7 shows the measured output spectrum
of the interpolation filter by impulse input. The
subfigures have the same dimension with the main
figure. The input word length is 21bit (including a
sign bit). We use an Agilent 16702B logic analyzer
to capture the output data of the chip. The cap-
tured data are then analyzed using Matlab. Results
from the analysis show that the normalized (by
sampling rate) passband edge is 0. 0075 and the
stopband attenuation is — 121dB. The first side-
lobe is suppressed to —113dB;the second sidelobe

Fig.6 Microphotograph of 20bit =-A DAC

This paper presented an efficient way to im-
plement a linear-phase FIR interpolation filter in
a 20bit 3-A DAC. A multistage structure was used
to reduce the complexity of filter coefficients and
the finite word length effect. A novel method
based on MRNR was used to design a double-
phase half-band subfilter. It reduces the complexi-
ty of the control system, obtains a much higher
cocfficient approach precision, and reduces chip
area dramatically compared to conventional meth-
ods.
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