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HR LDM디지탈필터의 구현

Realization of IIR LDM
Digital Filters
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요 약

본 논문에서 선형 델타 변조방식을 간단한 아날로그/ 디지탈 변환기로 이용하여 무한 응답 디지탈 여파기를 구현하 

는 방법을 제시하였다. 이 방법은 하드웨어 승산기나 펄스 부호변환 아날로그/ 디지탈 변환기를 필요로.하지 않으므 

로 종래의 무한응답 디지탈 여파기의 구현방법보다 매우 간단하다. Lee 와 Un 의 유한응답 LDMDF 에 비중H 서 이 무한 

응답LDMDF는 매우 적은 계산시간이 요구된다.

ABSTRACT

In this paper, we present a method of realizing an infinite impulse response (IIR) digital filter (DF) 
using linear delta modulation (LDM) as a simple analog/digital (A/D) converter. This method makes the 
realization of IIR digital filters much simpler than that of conventional ones because it does not requ辻e 
hardware multipliers and a pulse code modulation (PCM) A/D converter. Compared to the finite impulse 
respponse (FIR) LDMDF of Lee and Un [1], this IIR LDMDF requires significantly less computation 
time.
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I. INTRODUCTION

Digital filters are normally implemented 
using pulse code modulation (PCM) for analog- 
to-digital (A/D) conversion of the input signal. 
This conventional PCM filter, realized by using 
multipliers and adders to carry out convolution, 
is relatively expensive and requires a large num­
ber of computations. To avoid these problems, 
several researchers have studied a new type of 
digital filters using delta modulation (DM) 
for A/D conversion of the input signal [1]- 
[7]. Since the input signal is digitized by a 1-bit 
word format, this type of filter does not require 
a hardware multiplier. So far, these studies have 
been done mostly on finite impulse response 
(FIR) DM digital fUters.

The purpose of this paper is to present a 
method to realize infinite impulse response 
(HR) digital filters using DM as a simple A/D 
converter for digitization of the input signal.

In what follows, we first present a method to 
realize HR LDMDF's, and then compare its 
performance to that of the equivalent FIR 
LDMDF with respect to computation time.

II. REALIZATION OF HR LDMDF

In this section we first consider the realiza­
tion of a second-order HR LDMDF, and then 
discuss the realization of higher-order filters.

Let x(kn) and y(kn) be the filter input and 
the desired output samples taken at the Ny­
quist rate. The input-output relationship of a 
conventional second order HR digital filter is 
represented by

y (kn) = aox (kn) + a】x (k (n — 1)) + a2x (k (n—2)) —

biy (k(n—1))—b2y (k (n—2)) (1) 

where a*s and b*s are coefficients characterizing 
the filter. Normally, the sampling frequency 
of DM must be several times higher than the 
Nyquist frequency. Thus, we consider an HR 
LDMDF in which the input sampling frequency 
by DM is k times the Nyquist rate, but each 
output sample is produced at the Nyquist rate. 
If the sampling frequency of DM is sufficiently 
high, (1) can be approximated by

y (kn)=的(k(n—1))+X—Y (2)

with

X = a0[x (kn) —/?x (k(n—1))] + a)[x (k (n— 1))

—险(k (n—2))]

+ a2[x (k (n—2)) —/?x (k (n—3))] (3)

Y = bJV(k(n— 1))—/?y (k(n—2))]

+ bj§ (k(n—2))—SV (k(n—3))] (4)

where x (kn) is the predicted input sample by 
DM, y (kn) is its corresponding actual digital 
output sample, both taken at the Nyquist rate, 
and 0 is a scale factor. Eqs.(2),(3) and (4) re­
present the input-output relationship of an HR 
LDMDF.

Fig.l shows the DM encoder used in an IIR 
LDMDF. One can see from this figure that the 
only difference, of this encoder from the conven­
tional DM encoder is the analog switch. This 
analog switch selects the value of 0 multiplied by 
the predicted signal at every k-th sampling ins­
tant (i.e., at the Nyquist rate); and in other 
sampling instants, it directly selects the predict­
ed signal. The predicted signal satisfies
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Fig. 1 LDM encoder used in HR LDMDF.

i(kn)-/9x (k(n-l)) = A-I(kn) ⑸

where A is the DM step size, and

I (kn) 스 w (kn) + w (kn— 1) + … + w(k (n—1) + 1)⑹

w(n) being the comparator output generated at 
the frequency of K times the Nyquist rate. 
One can easily see that I(kn) pf (6) is an integer, 
and its absolute value is less than or equal to K. 
Using (5), we can write (3) as

X = a0 A * I (kn) +ai A -1 (k (n—1))

+ a.2^' I (k(n — 2)) (7)

Let us assume that J binary bits including sign 
bits are used in 2's complement code to re­
present the integer I(kn), that is,

I(kn)= 2i[ —1(峋)。+芸 1(扃)"巧 (8)
i=i

where I(kn)i is the i너;h bit of I(kn). Then, sub­
stituting (8) in (7), we have

X = a0-A-2J-'[-I(kn)0+ SI(kn)l-2-*]i=i

+ ai-A.2J-*[-I(k(n- 1))°+Si=.i

I(k(n-l)),-2-,]+a2-A-2',-,[-I(k(n-2))°

+ £：I(k(n—2))'2T] (9)

Let us define a function fi(-) with three binary 
arguments as

fi(x°,xi, Xz) 스[auXo+%Xi + a2X』(10)

Then, (9) may be written as

X= 3赤I(kn)L I(k(n-1))\ I(k(n — 2))l]2T 
i=l

T】[l(kn)。，I(k(n—1))。，I(k(n—2))』 (11)

where the value of fi[l(kn)\ I(k(n-l))*f I(k 
(n—2))1] can be obtained from a read-only 
memory (ROM) addressed by their arguments 
since the value of I (kn) ■ is 1 or 0.

Let us now define

dy (kn) 스 V(kn)—/?,V(k(n — 1)) (12)

By manipulating in the same way as for X, Y 
can be written from (4) as

B-l
Y= SG[dy (k(n—旳(k(n-2))3 2、"

~f2[dy (k (n—1))°, dV(k(n-2)M〕 (13)

where B bits including sign bits are used in 2怎 

complement code, and f2 ( • ) is defined as
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L(X、xD 스biXi+bzXe (14)

With (11) and (13), (2) can be written as

y (kn) = /?• V (k(n—1)) + [ Z W I (kn)\i = i

I(k(n—1), I(k(n-2))*| -Z-'-fJ (I(kn)°,

I(k(n-1))» I(k(n-2))°|]

B— 1
一[S fj dy (k(n—1))J, dy (k(n—2))4 *2~J 

j=i

—fz( dy(k(n—1))°, dy (k(n—2))°l] (15)

The functions h(, ) and f2( • ) can take on only 
23(= 8) and 22 (= 4 ) distinct values, respectively, 
depending on the binary vectors which form the 
arguments of each function.

We can see from (15) that only J additions 
and (J-l) shifting operations are required for 
computation of X, and that B additions and 
(B-l) shifting operations for Y. Since computa* 
tions of X and Y are performed concurrently, 
and B is in general larger than J, the total com­
putation time for each digital output is de­
termined by the time required for the computa­
tion of Y.

Also, we can see from (15) that it is desirable 
to compute y digitally without
multiplication. Note that g, which is a leak 
factor used in the DM encoder, is less than or 
equal to 1. Thus, we can make the value of 
B some fixed value as

夕=1 —(16!

where m is an integer indicating the number of 
operations shifting right by one bit. Accordingly, 

Fig. 2 Realization of a secondorder HR LDMDF.
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it is easy to compute B , y (k(n-l)) using a shift 
register and an adder without a multiplier. 
Consequently, one can see from (15) that the 
digital output can be generated with additions 
and shifting operations only.

A block diagram for the realization of an 
HR LDMDF is shown in Fig.2. An analog input 
signal is digitized bit-by-bit at the frequency of 
K times the Nyquist rate by an LDM encoder, 
and an up/down counter accepts the bit stream 
from the LDM encoder during the interval of 
Nyquist sampEng and counts I(kn). This counter 
output, I(kn), is loaded into the shift register 
SRI, and then the up/down counter is cleared. 
The data in SRI is shifted to the SR2 and SR3 
at each Nyquist sampling time. The data in the 
shift registers, SRI, SR2, and SR3 are serially 
moved by one bit at each shift with the least 
sigEficant bit first. At each shift, a new vector 

11 (kn)1, I (k(n-l))\ I (k(n-2))H appears at the 
input of R0M1, and the output fi is loaded 
into the register R4. After J additions and 
(J-l) right-shifting operations by the accumulate)호 

ACC1 and the shift register SR5, a final value of 
X in (15) (which is rounded to B bitsO is stored 
in the register R6. In the same way as above, 
computation of the third term Y in (15) is 
performed concunently with that of the second 
term X. The difference (X-Y) is then loaded into 
the shift register SR7, and it is used to compute 
the next output sample y (k (n+1))

An HR LDMDF with its order higher than 2 
can easily be realized with the increase of the 
memory to store the intermediate outcomes 
for direct-form realization. Also, the higher- 
order HR LDMDF can be realized by having 
several second-order or first-order HR LDMDF's 
in parallel.

Fig. 3 Parallel realization of an 8-th order IIR LDMDF using 4 second-order sections.
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An N・th order HR digital filter may be ex­
pressed as

p
H(z) = C+ZH1 (z) (17：i=l

where C is a constant, Hj(Z) is either a second- 
order or a first-order section. In Fig.3 a parallel 
realization of an eighth-order HR LDMDF is 
shown. In the same way as for the second- 
order HR LDMDF, △•C・I(kn) (= 기 文 (kn) — 0女 (k 

(n—l))|)is obtained by the accumulator ACCO and
the shift register SRO after repeated J additions 
and (J-l) shifting operations.

III. SIMULATION RESULTS AND 
DISCUSSION

Simulations have been done for the fourth­
order HR LDMDF, and a comparison has been 
made between this HR LDMDF and its equi­
valent FIR LDMDF with respect to computation

time. In our simulation, the input signal was a 
flat Gaussian signal which was obtained by 
passing Gaussian random samples through a

0 12 3 4
FREQUENCY (kHz)

Fig. 4 Magnitude response of fourth-order HR LDM 
low-pass digital filter.

Fig. 5 Waveforms of (a) input signal (b) desired output 
signal (c) actual output signal of HR LDMDF 
with leak factor &=0.984375.
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low-pass digital filter. The sampling frequency 
of the DM was set to 128 kHz, that is, 16 times 
the Nyquist rate. The desired HR filter was 
designed by the digital elliptic filter design pro­
gram of Gray and Markel [8]. It has the follow­
ing characteristics:

Passband cutoff frequency 1.2 kHz
Stopband cutoff frequency 1.8 kHz
Passband ripple 0.4 dB
Stopband attenuation -40 dB.

s
p) 

h 은
을
띈

」-1

Fig.4 shows the magnitude response of the 
HR LDM filler with the characteristics specified 
above. In Fig. 5, the performance of our HR 
LDMDF is shown in the time domain. One can 
see from this figure that the actual output 
wave-form is the same as the desired ideal output 
waveform, indicating that the HR LDMDF 
can be used as effectively as the conventional 
PCM filter.

FREQUENCY (kHz)

Fig. 6 Magnitude response of FIR LDMDF equivalent 
to that in Fig. 4.

Finally, let us compare the computation time 
of the HR LDMDF realized in a direct form to 
that of the FIR LDMDF on the basis of the 
number of additions required for generation of 
one digital output. Here, we consider a type of 
FIR LDMDF in which analog input signal is 
sampled at the frequency of k times (in the 
present case k=16) the Nyquist rate, and digital 
outputs are generated at the Nyquist rate. 
Note that this kind of FIR LDMDF with M 
filter coefficients requires a storage of M words 
and Mk+1 additions for a digital output. Also, 
as described in the preceding section, the N-th 
order HR LDMDF with B-bit wordlength re­
quires two storages of 2N+1 and 2N words, 
thus the total storage being equal to 3*2N 
words. It needs B+2 serial additions for a digital 
output. Also, note that the increases of the 
storage size and the number of adders reduce the 
computation time. Thus, we must compare the 
computation time of HR and FIR LDMDF's 
on the equal basis, i.e., with the same storage 
size and the equal number of adders.

The filter coefficients for the FIR LDMDF 
were obtained by the FIR linear phase filter

Table I. Comparison of IIR (4-th order) and FIR 
LDMDF's.

IIR
FIR

Type I Type II

Storage 48 14 52

Number of 
additions

B+2 433 36

Note: B is the number of bits for filter coefficients.

design program of McClellan et al. [9]. With 
this program, the above specified constraints 
can be、satisfied by having 27 filter coefficients. 
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The frequency response of this filter is shown 
in Fig.6. Taking into account that these FIR 
filter coefficients have a symmetric property, 
we need a storage of only 14 coefficients.

The storage size and the number of additions 
for the HR and FIR LDMDF's under the above 
conditions are shown in Table I. The type I 
of FIR LDMDF was realized with a storage of 
14 original filter coefficients, and the type II 
of FIR LDMDF was realized with the amount of 
storage and the number of adders equal to those 
of HR LDMDF.

One can see from Table I that in the case of 
B=16, the computation time of the HR LDMDF 
is one half of that of the equivalent FIR LD­
MDF, and that in the case of B그8, it is approxi­
mately one third of that of the equivalent FIR 
LDMDF, Also, it should be noted that as the 
oversampling factor k increases for better output 
performance, and as the order of HR LDMDF 
increases to meet more stringent constraints on 
the filter characteristics, the HR LDMDF offers 
more significant saving in computation time.

W. CONCLUSION

A method for realizing an HR LDMDF 
has been presented. With this realization method, 
an HR LDMDF can be implemented much sim­
pler than the conventional PCM HR digital 
filter, and offers much more saving in computa­
tion time than its equivalent FIR LDMDF. 
It should be emphasized that, although we have 
shown a low-pass HR LDMDF as an example 
in this paper, the realization method presented 
can be used for design of other HR LDMDF's 

such as high-pass, band-pass, and band-stop 
filters.

REFERENCES

1. J.C. Lee and C.K. Un, “On FIR delta modulation 
digital filters/* IEEE Trans. Acoust., Speech, 
Signal Processing, vol.ASSP-29, pp.1194-1201, 
Dec. 1981.

2. A. Peled and B. Liu, “A new approach to the 
realization of nonrecursive digital filters/' IEEE 
Trans. Audio Electroacoust., vol.AU-21, pp.477- 
484. Dec. 1973.

3. D.P. Prezas and J.L. LoCicero, "A delta modula­
tion filter for speech-type signals," IEEE Tians. 
Commun., vol.COM-28, pp.801-806, June 1980.

4. J.S. Sunwoo and C.K. Un, ^Performance of FIR 
ADM digital filters," IEEE Trans. Commun., vol. 
COM-31, pp.577-583, Apr. 1983.

5. G.H. Im and C.K. Un, ”Two-dimensional FIR 
ADM digital filters/' IEEE Trans. Commun., vol. 
COM-32, pp.1322-1348, December 1984.

6. Y.C. Kye, H.J. Cho and C.K. Un, *lOn improving 
the performance of an FIR ADM digital filter,” 
IEEE Trans. Commun., vol.COM-33, pp.739- 
742, July 1985.

7. W.F. Lawrence and R.W. Newcomb, "FIR filter 
hardware reduction with ADM," in Proc. IEEE 
Int. Conf. Acoust., Speech, Signal Processing, 
Apr. 1979, pp.849-852.

8. A.H. Gray, Jr. and J.C. Markel, „A computer 
program for designing digital elliptic filters/, 
IEEE Tians. Acoust., Speech, Signal Processing, 
vol.ASSP-24, pp.529-538, Dec. 1976.

9. J.H. McClellan, T.W. Parks and L.R. Rabiner, “A 
computer program for designing optimum FIR 
linear phase digital filters；' IEEE Trans. Audio 
Electro-acoust., vol.AU-21, pp.506-525, Dec. 1973


