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RESUME

Un concept mnouveau d’un banc de filtres,
symétrique 3 I’égard d’une certain fréquence nominal est
presenté. Par le placement de cet centre de symmétrie &
w = /2 pouvons nous effectivement utiliser les filtres
demibandes, decimation par facteur 2, et en effet réaliser
seulement la moitié inférieure de ces filtres. Le résultat
de ceci est un banc des filtres qui ne demande que un
petit nombre de multiplicateurs. En outre, la longueur
du programme pour réaliser ce banc de filtres a été sub-
stantiellement abregé et Ia vitesse constante du courant
des données par le banc de filtres a été préservé.

Comime un example la réalisation d’un banc de 4
filtres pour les récepteurs du ton double a été étudé.
Le banc de filtres a été réalisé en entier par une unité
de traitement des signaux Intel 2920 avec la longeur
de prograrome 138 instructions, en laissante 54 instruc-
tion pour les choses diverses. 34 de 40 emplacements
de mémoire lecture ont été utilisé. Une réalisation con-
ventionelle aurait pris approximativement tours les res-
sources de la unité de fraitement.

SUMMARY

A novel design of a filter bank that is symmetric
with respect to a certain center frequency is presented.
By placing this center of symmetry at w = /2 we
can effectively utilize half-band filters, decimation by
factor of 2, and actually implement only the lower half
of the filters. This results in a filter bank that requires
only a small number of multipliers. In addition, the
length of the program required to implement this filter
bapk in a signal processor is substantially shortened
and a constant data flow rate through the filter bank

. is preserved.

As an example, the implementation of a 4 filter
bank for dual tone receivers is comsidered. This filter
bank has been implemented with one Intel 2920 sig-
nal processor with a program length of 138 instructions
leaving 54 instructions for other purposes. 34 out of the
available 40 RAM locations are used. A conventional 4
filter implementation would have taken approximately
all the resources of the processor.
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1. INTRODUCTION

In this paper we consider the design and implemen-
tation of a specific class of filter banks in which the chan-
nels are located symmetrically with respect to a certain
center frequency. When implementing this kind of filter
banks using digital filters, it is advantageous to select the
sampling rate so that the center of symmetry becomes
equal to quarter of the sampling rate. With this selec-
tion, the higher and lower signal bands can be separated
using a pair of lowpass and highpass filters combined
with sampling rate reduction by a factor of two. Due to
the inherent frequency translation properties of decima-
tion, the higher and lower groups of filiers have, at the
lower sampling rate, the same specifications. A symmetri-
cally located bandpass filter pair can then be implemented
efficiently by multiplexing a single filter.

The bandsplit filter/decimator can be implemented
very effectively by using a pair of complementary half-
band filters [1] or half-band lattice wave digital filters
[2 - 4]. In practice, it takes only a minor part of the
computational workload.

This approach has several benefits compared to
direct implementation of the bandpass filters: slower
processor can be used because the bandpass filters operate
at the lower sampling rate, the required coefficient
memory is reduced, and only balf of the bandpass filters
have to be designed. Furthermore, because the rela-
tive bandwidths of the bandpass filters are doubled, the
finite wordlength effects (coefficient quantization, roundoff
noise, and limit cycles) are reduced.

An important application for this type of filter
banks can be found in dual tone multifrequency (DTMF)
receivers [5]. In the following, we discuss the design and
implementation of a four-channel DTMF filter bank using
a single Intel 2920 signal processor.

2. THE FILTER BANK

In,the specific type of filter banks we are con-
sidering, the number of filters N is even. The filters
Hi(z), Hz(#), ..., Hnyo(z) with center frequency lower
than /2 are called the lower group and the filters
Hpyp241(2); ..., Hn(z) with center frequency higher than
7/2 are called the higher group. The frequency responses
of the lower and higher group filters must satisfy (see Fig.

1)

|Hi(e™)| = |Hn 1™, i=1,..,N/2. (1)

Fig. 2 shows the block diagram of such a filter bank.
The band-split filter separates the frequency band of the
lower (higher) group through lowpass (highpass) filtering.
The sampling rate of the output signals of these filters
is then reduced by a factor of two. The actual bandpass
filters satisfy the frequency specifications of the lower
group filters.
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Fig. 1. Example of a symmetric filter bank.
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Fig. 2. Block diagram of the filter bank.

The Band-Split Filter

In general, a signal z{n) after it has been decimated
by a factor of two contains not only the baseband but also
the aliased components due to the sampling rate reduc-
tion. The Fourier transform of the decimated signal is
given by [6]

Y () = 1/2{H(*/*) X (/)

+ H(ej(w’—21r)/2)X(ej(u’—-27r)/2)} (2)

where H(z) is the transfer function of the decimation filter
and w’ is the normalized frequency variable at the lower
sampling rate.

For reducing the sampling rate of lowpass signals by
a factor of two and to avoid aliasing at the lower sampling
rate, it is necessary to filter the original signal before
sampling rate reduction with a filter that approximates
the ideal digital lowpass characteristics specified by

1, lwl < =
H(Y) = (3)

The spectrum of the filtered and decimated signal is then
given by ) )
Y(e7') = 1/2X (e19'/?). 4

In the case of sampling rate reduction of highpass signals
by a factor of two, the function of the decimation filter is
to remove the baseband components and pass the aliasing
components for further processing. The ideal digital filter
isolating the frequenéy range of interest is specified by

n
0, <y

H(*) = ﬂ (5)
1, 3 < |wl < 7.

The spectrum of the highpass filtered and decimated sig-
nal containing only the aliased components becomes

Y (7)) = 1/2X (71’ —2m/2)), (8)
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‘We can see t]iat, in the filter bank of Fig. 2, the frequency
band of a higher group filter Hp.+1—; is translated down
to the frequency band of the lower group filter H;.

Both the lowpass and highpass decimation filters can
be implemented very efficiently using a lattice wave digital
filter (WDF) [4]. Because in lattice WDF’s not only their
transmittances but also their reflectances are available as
transfer functions, a single lattice WDF can perform the
whole frequency band division into two halves. In other
words, the transfer function of a lowpass lattice WDF [2]
can always be expressed as a sum of two allpass transfer
functions A(z) and B(z),

H(s) = 5(A(z) + Bz). ™)

The corresponding highpass transfer function is obtained
through "

H(z) = $(A(2) - B(2). ©

These two transfer functions are complementary in the
sense that

|H(e™)2 + |H()? = 1. ©

in this case we can utilize a haif-band lattice WDF
[2] which has the further advantage that approximately
half of the filter coefficients are zero. This results from

the fact that the allpass transfer functions are of the form

Afz) =A(2?)
B(z) =z"1B(2?%).

(10a)
(106)

Furthermore, sampling rate reduction by a factor of two
can be combined very efficiently with a half-band lattice
WDF [3]. As shown in Fig. 3, operations of filtering and
sampling rate reduction may be commuted so that all the
computations are carried out at the lower sampling rate.

3. DTMF FILTER BANK

The purpose of the DTMF subsystem is to measure
the signal power within four 10 Hz wide frequency bands
centered at the frequencies of 780 Hz, 900 Hz, 1020 Hz
and 1140 Hz. The maximum allowable passband ripple in
each band is 1.0 dB and the minimum attenuation is 37.5
dB in the stopbands starting 60 Hz away from the center
frequencies.

In the DTMF filter bank, the center of symmetry is
980 Hz. Consequently, the input sampling rate is selected
to be 3840 Hz, and the bandpass filters operate at 1920
Hz sampling rate. The block diagram and ideal frequency
characteristics of the DTMF filter bank are shown in
Fig. 4. We only need to implement the 780 Hz and 900
Hz bandpass filters. The sampling rate reduction causes
spectrum inversion so that the 1020 Hz and 1140 Hz bands
can be processed by the 900 Hz and 780 Hz filters, respec-
tively. . .
It turns out that, due to the limited program memory
of the 2920 signal processor and because no subroutine
calls can be used [7], the length of the program is one of
the most critical factors in our application. Consequently,

e
IN Ly 12 ouT

i

8z

(a)

l A(z)
IN )/ + /2 oy
+
z_L5 1 ﬁ(z)
(b)

Fig. 8. Equivalent realizations of decimation by 2 using half-

band filters. (a) Higher rate. (b) Lower rate.
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Fig. 4. Realization with sampling rate reduction. (a) Block
diagram. (b) Ideal characteristics of the decimation filter. (c) Ideal
characteristics of the bandpass filters.

the program cycle time is designed to be twice the output
sampling period (f.e., equal to the input sampling period)
because then the multiplexing of the bandpass filters can
be done without repeating the code which implements
them. As will be discussed later, the band-split filter can.
not be implemented in the most efficient way, but this
selection gives the highest overall efficiency.

Filter Approximation

It is sufficient to design only the lowpass part of
the band-split filter and the lower group bandpass filters.
The structure of the filter bank and properties of half-
band filters guarantee that the upper group channels will
have appropriate frequency responses if the lower group
channels have. :
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The lowpass part of the band-split filter is designed
to have equiripple stopbands at the passbands of the
higher group and equiripple passbands at the passbands of
the lower group filters. When the stopband attenuation of
the band-split filter is at least 37.5 dB, the passband (775
- 905 Hz) ripple is insignificant (in the order of 0.0008 dB)
due to the properties of half-band filters. A seventh order
{the order must be odd [1, 2]) half-band filter satisfies the
spesifications of the band-split filter.

This filter has one pole at the origin and the transfer
function is of the form

_N(z) _ Tl gz
H(z)= D) = ELZ pypery (11)

N{z) and D(z) were determined such that

(i) |H(e2*fT)}? alternatingly goes through the value 0
and the stopband maximum value at seven points on
[1015 Hgz, 1025 Hz] |J [1135 Hz, 1145 Hz] and takes
the value 0 at f=1920 Hz.

(i) JH(e?2"IT)|? alternatingly goes through the value 1
and the passband minimum value at the seven points
on [775 Hz, 785 Haz] {J [895 Hz, 905 Hz] and takes the
value 1 at f=0 Hz.

(i) ensures that N(z) is a mirror-image polynomial (three

gero pairs on the unit circle and one zero at z = —1)

and (ii) ensures that the numerator polynomial of the

complementary highpass design is a anti-mirror-image
polynomial {one zero at z=1 and three zero pairs on the

unit circle.) This quarantees that the filter satisfying (i)

and (ii) is implementable as a sum of two allpass filters

[8]. The actual design of the lowpass filler was performed

using algorithms described in [9].

The bandpass filters are designed to satisfy the fre-
quency specification of the two lower group channels. They
must also provide enough attenuation in the frequency
bands 960 — 1015 Hz and 1145 — 1200 Hz so that alias-
ing to the transition bands of the lower group filters is at
acceptable level. The upper stopband edge frequency of
the 900 Hz bandpass filter is designed to be only 30 Hz
away from the center frequency in order to facilitate the
frequency band division. The bandpass filter specifications
can be met with fourth-order elliptic designs.

Implementation of the Band-Split Filter

The seventh-order lattice WDF used as the band-
split filter is shown in Fig. 5. Only three adaptors are
needed and the adaptor coefficients have been quantized
to 6 bits. The lowpass and highpass frequency responses of
the band-split filter (with quantized coefficients) is shown
in Fig. 6.

In the structure of Fig. 5, all computations are
carried out at 1920 Hz sampling rate. However, we have
selected a computational cycle time which corresponds to
3840 Hz sampling rate and, on the other hand, in the 2920
signal processor it is not possible that the sampling period
of some part of the system is higher than the computa-
tional period because no jump instructions are available.
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Fig. 6. Implementation of the band-split filter. (a) Block
diagram. (b) Signal flow diagram of two-port adaptor with a unit
delay.
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There is not any inconvenience in operating also the
decimation filter with the same higher rate, i.e., accord-
ing to to Fig. 3(a). The advantage of the lower opera-
tion rate implementation comes out by the fact that it
requires fewer delays, f.e., fewer data memory locations
are required for the realization. From the programmers
point of view, it would be inconvient to implement the
lower operation rate filter straight according to Fig. 5 since
the operation of the branches should be prevented during
every other program round. However, we notice that it is
not necessary to prevent all of the operations from occur-
ing during every other program cycle since it is sufficient
if changes in the state variables are prevented. This leads
to the structure of Fig. 7. All the computations are carried
out, at the higher rate but the actual filtering is performed
at the lower rate. It has been possible to replace one of
the unit delays connected to the adaptors by switches.
Therefore, instead of the 7 RAM-memory locations re-
quired for realizing the delays of the higher operation rate
structure, the implementation of Fig. 7 requires only 5.

- RAM-memories for that purpose, 3 for the adaptor delays

and 2 for carrying information between program cycles.
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Fig. ‘7.  Block diagram of the decimation filter realization that
is chosen to be implemented with the 2920 processor.
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Fig. 8. Block diagram of the fourth order IR filter with

additional delays used for processing two signals alternatingly.

The Bandpass Filters

Both bandpass filters are fourth order elliptic IIR
filters requiring 11 multipliers. They are implemented as a
cascade of two second order sections (Fig. 8). By replacing
each delay by two delays, one filter can be used to process
two signals alternatingly. The filter coefficients have been
rounded to 15 bits.

Better finite wordlength performance could be
achieved by using lattice WDF’s also for the bandpass
filters. The problem is that higher filter orders would be
required, since a bandpass lattice WDF must have trans-
mission geros at w=~0 and at w = 7. In this case the filter
order would be six, requiring altogether eight additional
RAM memory locations for the bandpass filters. On the
other hand, the finite wordlength performance of second
order sections is sufficient for our application.

The magnitude responses of the whole filter bank are
shown in Fig. 11.
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780 Hz bandpass filter. (b) The 900 Hz bandpass filter.
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Fig. 10. Block diagram of the lowpass filters LPF1 and LPF2.

The Power Measurement

The power in each one of the four frequency bands
of interest is measured by full wave rectifying the signals
after they have been bandpass filtered and then removing
the AC-components by recursive single pole lowpass filters
LPF1 and LPF2 shown in Fig. 10. These filters have been
designed to eliminate the most significant frequency com-
ponents from the full wave rectified output signals, 120
Hz at the output of the 900 Hz bandpass filter and 360
Hz at the output of the 780 Hz bandpass filter. These
frequency components are attennuated by about 30 dB.
Consequently, the DC-component, which brings informa-
tion about the signal amplitude, is about 33 dB above the
most significant AC-component. The narrower we make
the band for the lowpass filter, the slower the system be-
comes, forcing us to make a compromise between speed
and accuracy.



IN OB

MAGN | TUDE

448

DESIGN OF AN IR-FILTER BANK FOR DUAL TONE RECEIVERS

BALERAAS RARNASAS RASNNARE RAAS RARE R

MAGNITUDE IN OB
o
a @ » N
G G G 0 0
% L

sz a s e baa g sl aaa I W Wy

-100
-120
- 140
— 4180 Frrrr T T
o 480 280 1440 1920
FREQUENCY IN HZ
(a)
D—: E_
2 —20—: -
~40 - -
z %1 b
-850 <
w 3 s
S -so 2
= E 3
z"‘4°°': F
o ] E
< —t1204 E
b E 3
~ 140 -
- 460 T Ay
o 480 " o0 1440 Te20
FREQUENCY IN HZ
(o)
ORI O A S WP SP U Y S U S T B
o-{ o
-20 - -
] 9
=40 - .
—so-i -
=80 7 e
3 o
-~ 100 A -
—520': -
=140 E
-850 'ﬁ.”.ﬁﬁ'”,.,...”,w....‘.qﬁ,”.vn.
480 960 1440 1920
FREQUENCY IN HZ
()

MAGNITUDE IN OB

I | | |

@ O & N
g @ ¢ o0 G ¢
E=:=\ij>:i
AR RAAS RS RASESALIRALYSARS RAAS L

-140

- {20

- 140

- 160 Frrrrrrreee A R - T

2] 480 . 860 1440 1920
FREQUENCY IN HZ
(d)

Fig. 11. Magnitude responses of the whole filter bank. (a) The

780 Hz channel. (b) The 900 Hz channel. (c) The 1020 Hz channel.
(d) The 1140 Hz channel.

4. CONCLUSIONS

The overall power measurement system, Fig. 12,

has been implemented with one Intel 2920 Analog Signal
Processor. The system requires 138 program memory loca~
tions leaving 54 instructions for other purposes. A con-
ventional 4 filter implementation would have taken ap-
proximately all the program resources of the processor.
Altogether 34 out of the available 40 RAM locations are

used.
N Band-
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Fig. 12. Block diagram of the whole one chip system.
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