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ABSTRACT i)  Multi-bit adders and multipliers are needed which use
complex hardware. They also increase the overall cost of
In this paper we investigate the performance of multiplier free the device where high precision is required.
FIR filter design using an extremely non-lineax-A iii) Hardware once designed cannot be changed. Though
architecture. This architecture which is known as the Look DSPs are more flexible, they are more expensive.

Ahead Decision Feedback (LADF) circlit], has not been  pye to these problemg;-A modulation is a more affordable
used in FIR filter design earlier. The circuit is highly non-linear option of implementing FIR filters. The 1-bit output of these
because of the thresholding operation in the architecture. In thismodulators removes the need for multi-bit multipliers and hence
paper, we compare the LADF architecture with other gecreases the complexity and cost of the circuit. Besides this,
conventionalz-A architectures in the design of FIR filters. The resolution is improved due to over-sampling before modulation.
noise characteristics of these architectures are discussed. It Wi”MuItipIiers can be entirely eliminated from the circuit by using

be shown that the LADF architecture has relatively low noise shift registers to process the 1-bit output of the modulator [4].
power at low frequencies in comparison to other modulators.

The design of optimum lowpass filters and comb filters for 2. >-A MODULATOR ARCHITECTURES

good noise reduction for LADF architecture is also addressed in

the paper. Using a lowpass FIR filter design example, the Conventionally, the performance of tie-A modulators are

appropriate filter design methodology is presented in the paper. improved by the use of multi-loop (identified here as DSM) or
multi-stage (MASH) architecture$5][6]. Recently, another

1. INTRODUCTION method of>-A modulation, knowras Look Ahead Decision

Feedback (LADF) techniguéras been proposed by Stonick et.

Sigma-Delta ¥-A) modulators have been widely used for both al. [1]. In this paper, we compare the use of above three

A/D and D/A conversion schemes. The basis of sigma-deltamodulator architectures in the design of FIR filters. A brief

modulation schemes is the principle of oversampling the input. description of the LADF architecture is also presented here.

As sampling is done above the Nyquist rate, the noise power isy 1 3¢ order LADF (LADF3) modulator:

uniformly distributed over the larger frequency range, thereby

improving the resolution. The noise power beyond the signal a0 - o
bandwidth can be removed by using a lowpass filter. The output ., » e
is then downsampled to the Nyquist rate. %I %I -0

.
For some timeZ-A modulators have been proposed for other ‘

applications in signal processing, such as FIR and IIR filter ]
design, AM/FM modulators, correlators, multipliers and Figure 1: 8order LADF modulator
synchronizerd2][3]. A major reason for the popularity afA As the name suggests, the LADF architecture has two
architectures lie in their ability to trade bandwidth with distinguishing features, namely — look-ahead and decision
guantization noise. These circui_ts lead to reducec_i ineXpen_Sivefeedback. The modulator is designed on the concept - starting
hard_\glgre ﬁ.nc:] help Irl] _spee_dlng up Qomputatlonsd_pe5|(3:e§Nith the multi-loop structure, a one-bit output is chosen at each
providing higher resolution In comparison to traditional e siate so that the set of integrator outputs at the next state
analogue circuitry. Furthermore, as theéd modulated signals ;.o most stable. Thus. the architectlioeks-aheadat the
are restricted to take values of {-1, 0, +1}, the based signal  ssiple future states arfeeds-backthis information to the
process_lng_archltecture provides programmability and flexibility ,rrent output decision. For example, Figure 1 shows the
in the circuits. architecture of a8 order LADF modulator. In Figure X(n),
Consider the FIR filter design via the use2efA modulators. It x2(n) and x3(n) comprise the look-ahead section while the
is worth noting here some of the problems faced in the feedback section is the return path frgfn). To determine the
traditional FIR filter implementation. These are : most stable set of states, the LADF algorithm chooses an output,
i) The resolution is limited by the resolution of the ADC. which minimizes a cost function of the integrators at each time
state. The quantizer adds the uncertainty or noise to the system.



Hence, it can be modeled by an error term. Under thesedistributions. The following Table 1 shows the coefficient
conditions, the functiomj(n) of block Q in Figure 1 is obtained  histograms for the DSM2, MASH3 and LADF3 modulators.

as follows : Note that DSM2 and MASH3 modulators were implemented
1 s 1 3 using 3-level quantizers {-1, 0 +1}. This is because it has been

a(n) = sgn=[x3(n) +1° = =[x3(n) =1 + 2(x2(n) + x3(n)) observed that 3-level quantizers result in smaller quantization
6 6 noise power when compared to 2-level quantizers. However,

—|x(n) +x2(n) + x3(n) -3 LADF3 architecture was implemented using a 2-level quantizer

+|x(n) +x2(n) +>X3(n) +34} Eql as the LADF circuit was specifically designed to be used with a

2-level quantizer.

where, thesgn (or signum)function is a 2-level quantizer with

output levels {-1,+1}. Coefts. 3 =2 1 © ! 2 3

DSM2 - - 21 49 30 - -
MASH3 2 10 20 30 24 12 2

2.2 Spectral Characteristics of Quantization Noise:

It is possible to compare the various-A modulator

architectures by observing their quantization noise LADF3 - - 4 - 5% - -
characteristics. A quantity that can be used in this comparison is
the filtered quantization noise power resulting from an ideal

lowpass filter of bandwidtli.. The filtered quantization noise  The coefficient histograms in Table 1 show that both DSM2 and
power -P(f), for double loop modulator (DSMZ),"’Gbrder multi- MASH3 generate substantial number of zero coefficients

stage (MASH3) modulator and thé® ®rder LADF modulator because of the 3 level quantizers. This decreases the circuit
(LADF3) are approximately given by the following equations as complexity in implementing FIR filters, as zero coefficients

Table 1: Output Coefficient Histograms (%)

discussed if3]. avoid multipliers. It can be seen that the LADF3 architecture

DSM2: P(f,) = sin?(r.f.)/3 needs more number of multiplications as it has a 2 level
guantizer. It can also be observed that the number of 1's and -1's

MASH3: P(fc) =8.sin*(.f,)/3 are approximately equally distributed in the case of the LADF3

LADF3: P(f,) =8005in4(rr. £.)/3 Eg2 and DSM2 modulators. However, the number of 0 coefficients

in DSM2, amount to 50 % of the total number of filter
coefficients. It should be noted that MASH3 structure might
produce+4 as an output because it has 3 quantizers and an
additional outer loop.

Figure 2 shows filtered quantization powerf) vs. filter
bandwidthf,, obtained using simulations. For the simulations
8192 samples were used and thé\ modulator input was
selected as a dc signal. The slope of the plots in Figure 2
corroborates with the predicted values from equation 2. 3. DEMODULATORS

0

At the demodulator, the high frequency quantization noise
produced by th&-A modulator is filtered out by a lowpass filter

to recover the slowly varying input signal. Suitable demodulator
lowpass filters such as Comb filtdB§, Optimum FIR filterg5]

and Laguerre IIR filters[10] have been proposed in the
literature. Some of these filters which can be used in the design
of X-A modulator based FIR filters are discussed in the
following section.

50 b

Noise Power (dB)

“ ee @ ze 2 e * 0s 0 3.1 Optimum FIR filters:

Frequency Log scale

Figure 2: Filtered Quantization Noise Power vs. Bandwidth ~ These are based on minimizing the quantization noisk-/of
modulators under constraint equations. Letenote the order of

Note that in Figure 2, the slope of the DSM2 curve is 50 while the modulator. It is taken to be 2 and 3 in the example discussed
that of the LADF3 and MASHS3 architectures is 70. The value at later. The filtered noise powep is then given by :

0 frequency corresponds to the total noise power resulting from
the modulator. It can also be seen that the MASH3 circuit 1

performs better than the other architectures, while LADF3 is ¢ =I|2.sin(nf)|2l‘
better than DSM2 in the low frequency. The intersection point d

of the curves gives the frequency at which the LADF3 noise
worsens than the DSM2. The LADF3 circuits results 20dB
higher noise power in comparison to the MASH3 architecture.

2
df Eq3

N

Z}h(k)em”

where,h(k), 0 <k < N are the(N+1) tap FIR filter coefficients.
The optimum FIR filter coefficients resulting from the
minimization of ¢ subject to the condition that the filter has

2.3 Coefficient Histograms: unity dc gain, are given by :
In order to consider the suitability of the above th®a _ Ltkg LN~k 3OB£gH kg
modulator architectures in multiplier free FIR filter design, it is h(k) = N N Eq4

N+2L+1C NONODO NO
necessary to observe the modulator output coefficient 2L+l



where,"Cc = In / { k . }(n-k)} and In denotes the factorial 3.4 Filtered Quantization Noise Spectral Characteristics:

functioni.e. In=1.2.3........n. . . ) - Lo
In this section, the spectrum of the filtered quantization noise is

Note that at low frequencies the transfer function of the investigated. This is necessary for the multiplier free FIR filter

optimum filter can be approximated as follows : design, which will be discussed in section 4. For the thrée
modulator architectures, filtered quantization noise is obtained
- i 15 2 by subtracting the input dc signal from the modulated output
- 2tk _q_ 2 .
H(T) ;h(k).e L 112(”fN) EaS The convolution of the noise and optimum filter taps is

decimated and the final power spectral density is obtained using

The expression in equation 5 can also be used to account for thé Hanning window.

roll-off of the filter at low frequencies. The quantization noise spectra of Figure 3 are obtained using

3.2 Sin& / Comb filters: optimum FIR filters withN=128. The noise power in Figure 3
S . confirms with the values predicted theoretically by equation 8.
An N tap Sinc filter is defined by : (The predicted values are shown in dark lines in Figure 3.) As

can be seen all DSM2, MASH3 and LADF3 are meeting the
theoretically calculated values. Note that LADF3 modulator

As the filter coefficients resemble a comb in time domain, they 9ives20-dBhigher noise power than the MASH3. It can also be
are also popularly known as comb filters. An N-tap ‘Sfiteer is seen that while DSM2 and MASH3 provide uniform distribution

a cascade dt (N/K)-tap filters. Hence the amplitude response ©f filtered noise over the passband, the LADF3 modulator's
of a Siné filter is given by : filtered noise tends to be distributed towards higher frequencies.
Note that spectral plots similar to those in Figure 3 could also

h(k) =N (0<k<N-1) Eq6

: K 2 be obtained for the case of using comb filters in the
singiN/K) K.t NGB
H(f)=|K———— =1-——~— -1 Eq7 .
| ( )| N.SinGT) 5 KE % q demodulator
The approximation on the right hand side of above equation is > =
valid for low frequencies. A linear relationship can be . Theoretical value
established between the order of the modulator used and the @y ad RIENIN Naa. A
number of Sinc filters in cascade. Usually, a ‘Sihéilter is ) » N I J\zv TLAVIY A MITTICT TEA )
o ) AV U
chosen to reduce the quantization noise df artler modulator. 3 VV V V\( \ \/\
=} %
For the optimum FIR filter and the comb filter, the filtered noise %_ !
powery is given by the following equations : e w
<
i)  Double loop sigma-delta modulation B S e ey
Optimum FIR filter P=60/N . MASH3 ‘
Sincfilter W=243/2 N . f\:maml ik
ii) Triple loop sigma-delta modulation o a A i M f\ A M
S aed VAP o AN T JUY WA T ) (e
Optimum FIR filter @ =8400 /N AR R A U“” "“’” VARV NAN
Sincfilter w=81920/3 N Eq8 % s V |
E 120 f
3.3 Comparison of demodulators < =
As can be seen from equation 8, the optimum FIR filter is Frequency
associated with a lower noise power. It also has a sharper cutoff LADF3
and has fewer ripples in the stopband. However, the comb filters * \ )
have constant coefficients due to which they can be : L, N )
implemented easily by using a recursive loop or using shift & - N L WAL AN aa LI
registers. Due to this, comb filters are widely preferred. T 88 [ﬂl NAAR A "l”rﬁ TN IIV\\ U \1\)
() @ I | I
As noted before both optimum FIR and comb filters show a g o | I/ VU\V N |
gradual roll-off of the amplitude response. Although this effect g 6 W [
is marginal in most modulator applications, it could be of £ e ‘UA i
concern in the multiplier free FIR filter design. If so, to keep < 1 I

o
o
e
o
=
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unity gain in the passband, a function to compensate the effect o5 o ox

of frequency roll-off can be incorporated into the design. This Frequercy
function is obtained by inverting the values of the passband  Figure 3: Quantization Noise Spectral Characteristics of
filter transfer functions shown in equations 5and 7. Different Modulators Resulting from Optimum FIR Filters



4.1 Interpolator / Upsampler:

4. DESIGN OF FIR FILTERS USING 2-A
MODULATED COEFFICIENTS

Because of the oversampling architecture, it is necessary to have
an interpolator at the input of Figure 4 to increase the sampling
This section delves into the design of FIR filters that can berate by a factorM. In general, ideal interpolation needs
implemented without multipliers usingz—A modulation multipliers which is not an option for this design. As an
techniques. The principles are similar to those discussed byalternative interpolation techniquéM-1) zeros can be inserted

Wong and Gray irf9], but here a complete design methodology in between the input samples. However such an interpolation

to meet FIR filter specifications will be provided. ThrEeA
based multiplier free FIR filter architectures can be obtained by:

i) 2-A modulating the FIR filter coefficients,
i) Z-A modulating the input,
iii) Z-A modulating both the input and thétdr coefficients.

x(n)

x1(n)
Mf,

Figure 4: Design of FIR filter with coefficienis-A modulated.

Here, we discuss architecture (i) in detail. Though architectures
(ii) and (iii) have specific advantages of requiring less hardware
and can be implemented without adders and multipliers, they

can only be used with—-A modulated inputs, thus litmg their

increases the quantization noise power by a factdvl afhen
downsampled.

Here a new interpolation method is proposed for the input stage
of the circuit in Figure 4. This method is simple but yet effective
and does not employ multipliers in the hardware design. The
idea here is to copy the inpWiI{1) times in between successive
samples. Note that the frequency response of such an
interpolation technique is given by :

MP-1 1_e—]‘2nﬂ\/|

-j2rfn _ _ SiniftM
XY(f) = n;xn(n)e = A X

"~ Sinrf

[X (M)

Eq9

where,x1(n)is the upsampled input axdn) is the input to the
architecture. As can be seen, the method contributes an
additional Sinc factor to the FIR filter frequency response. The
additional roll-off in the low frequency components due to the
Sincterm can be compensated if necessary. This compensation
for roll-off can be applied during the interpolated FIR filter

application. On the other hand, architecture (i) can be used withCefficient design i.e. in stage (ii) of the previous section.

any type of input.

A FIR filter implemented using architecture (i) is shown in
Figure 4. The sirfc

4.2 Decimation using Comb / Sircfilters:

The number of taps of the sirfdter, N, is usually the same as

filter and the downsampler act as the the upsampling facto. However, a higher value fod could

decoder circuit. They also reduce the quantization noise andysp pe selected at the cost of increasing the delay of the filter,
prevent aliasing. The important step in designing the circuit in which is inversely related to the bandwidth. The bandwidth of
Figure 4 is the selection of oversampling rakib, The selection  the filter should be such that the low frequency signal falls

of M, which depends on the desired FIR filter specifications, within the passband. IN is too large the high frequency
will be discussed later in section 4.3. OrMeis selected, the  contents of the signal will be reduced.

remaining design steps can be summarized as follows:
4.3 Selection of M:

(i) Obtain a set of FIR filter coefficients to meet the
specifications using any standard filter design technique, Let the stopband ripple specified in the original FIR filter
e.g. the Remez exchange algorithm. requirement bdé. Suppose we use a LADF3 architecture in the

. ) ) o filter design and signal upsampling is obtained by copyihg

(ii) Ideally interpolate the FIR filter coefficients by a factor of gignal inputs. Combining equations 2 and 8 we can obtain an
M. Usually an FFT interpolation technique can be used atexpression for the filtered quantization noise level (as shown in
this step. Figure 3). Using this expression, to meet the filter stopband

(iiiy From the ideally interpolated filter coefficients obtaina ~ "IPPI€ requirement, the following inequality can be obtained.
modulated FIR filter coefficients. These coefficients,
denotedd(n) in Figure 4, can take the values of {-1, 0, +1}. B&g > %0;100 Eq10

(iv) Upsample the input signal (that is required to be oMo SN
processed) by a factdt before filtering byd(n). Sinced(n) The factor ofLl00is included in the numerator to compensate for
is +1, 0 or -1, multipliers in Figure 4 can be implemented the 20dB higher noise power level of the LADF3 modulator in
using an inverter and a switch. comparison to the MASH3 modulator. The fadtbiin equation

() Lowpass filter by a comb filter and decimate by a fabor 10 is due to sample rate increase, i. e. copying the input signal

(M-1) times. Once the rati@N/M) is decided as discussed in
previous section, equation 10 can be used to obtain the value of
Some further design issues of the circuit in Figure 4 are oversampling ratioM.

discussed in the following sections.

to obtain the filtered output.



5. ADESIGN EXAMPLE

The use of LADFZ-A modulator architecture in the design of a
lowpass FIR filter is presented in this section. In the design

6. SUMMARY

Sigma-delta modulators provide high resolution as compared to
analogue circuits. Sigma-delta modulation techniques can be

example, the lowpass filter specifications were selected aseffectively used to implement FIR filters. ThrEeA modulator

follows :
@
(b)
(©
(d)

Note that all frequencies are normalized quantities. Via the
Remez exchange algorithm a FIR filter of lengf can be

passband frequency edge : 0.10
stopband frequency edge : 0.15
passband ripple : 0.01
stopband ripple : 0.01

easily designed to meet the above specifications. Using stopband

ripple (i.e. b = 0.01) in equation 10 withN=M results in
M>122. SelectingM=128, and following the steps (i) to (v) of
Section 4 it is possible to obtaBl92 >-A modulated filter
coefficientsd(n).

Figure 5(b) shows the transfer functions of the multiplier free
FIR filter transfer function obtained from the above procedure
for DSM2, LADF3 and MASH3 architecture. (The x-axis shows

the normalized frequency.) The transfer function of the original
Remez FIR filter is also shown in Figure 5. As can be seen,
MASH3 and LADF3 show similar performances and meet the
original filter specifications. However, the performance of

DSM2 does not meet the specified stopband ripple
requirements.
resulting from selectinyl smaller than the value resulting from
equation 1qM>122) are also shown in Figure 5(a).

Ampiitude (d8)

Figure 5: Amplitude Transfer Function of Circuit in Figure 4 .
(@)M=N=16 ; (b)M=N=128

Note that in the design of circuit in Figure 4, by using a higher
order MASH modulator a lower oversampling ra#e would

have been achieved. However, this is at the expense of singlel8]

bit representation of the output. The major advantage of
designing the circuit in Figure 4 using LADF3 architecture is
that it can be implemented without using any multipliers. The
input signal interpolating technique by copyifd-1) samples,
the LADF3 modulated coefficients and the Sifilter all ensure

that the hardware can be implemented with adders and shift

For comparison purposes transfer functions

architectures, DSM, LADF and MASH have been compared in
this paper in designing multiplier free FIR filters. It has been
found that, in general, higher order modulators perform better in
terms of noise reduction and lower oversampling ratio
requirements. MASH architecture provides lower quantization
noise power than LADF architecture. However, because of its
architecture, LADF has simplicity in hardware implementation
and, therefore, is an appropriate choice for multiplier free FIR
filter design.
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