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An interpolative encoder for a
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subscriber line audio processing circuit
including an interpolative analog-to-digi-
tal converter as shown in Fig.9 for conver-
ting an input analog signal to a digital si-
gnal including a series of multi-bit binary
words each consisting of all 0’s ora series  ©
of one or more 0’s and a series of one or VIN
more I’s, logic circuitry (150) for conver-

ting each multi-bit binary word intoamo-  X(t)
dified binary word having a new binary
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format consisting of either all 0’s or a sing-
le 1 and a plurality of 0°s such that the va-
i lue of each modified word is equal to the
. value of the corresponding multi-bit word
converted such that the least significant
bit thereof is doubled and made equal to
the second bit in value, and a digital filter
as shown in Fig. 17 for filtering the series
of modified words.
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Specification

"Interpolative Encoder for Subscriber-Line

Audio Processing Circuit Apparatus”

BACKGROUND OF THE INVENTION

Field of the Invention
The present invention relates generally to

digital telecommunications systems apparatus and more
particularly to a new subscriber line audio processing
circuit wherein input voice signals in analog form are
converted and processed in digital form prior to
transmission, and conversely received signals are
processed in digital form before being reconverted
to analog form.
Description of the Prior Art

Prior art telecommunications apparatus for

converting voice signals into digital format for
transmission typically include a subscriber line
interface circuit (SLIC) that provides a two-wire to
four-wire conversion and line feeding operation using
transformer coupled techniques plus additional
circuitry to handle supervisory test and ringing
functions, transmit and receive analog filters and a
CODEC which does the actual conversion of the analog
signals to ditigal PCM and the PCM signals back to
analog signals. Integrated circuit manufacturers are
presently attempting to replace these individual

circuit components with integrated circuits which

accomplish the various functions as they are

presently performed; that is, a single channel
monolithic CODEC replaces the CODEC function, single
channel filters replace the filter function and a
monolithic SLIC replaces the transformer and its
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associated hardware. Since prior art systems were
based on a system architecture that was developed a
number of years ago and took advantage of coméonents
available at that point in time, a simple replacement
of components using LSI technology does not use such
technology to its fullest advantage.

Prior art systems perform a number of functions
which can be divided into three major catagories. (1)
high voltage analog interfacing to subscriber line,
(2) processing of the voice signal including two-wire
to four-wire conversion filtering and coding, and (3)
interface to the digital world including the PCM
signal paths and control line from a processer oOr
controller. In providing a new system, it is
reasonable to partition the new system along these
cechnologies. The analog-interface to subscriber
line reguires both high current and high voltage
devices and therefore is best implemented in a bi-
polzr high voltage technology. High voltage bipolar
technologies are not dense technologies and therefore
this device should be kept as simple as possible.
The signal processing and digital interface functions
can both be implemented in low voltage technology.
The low voltage technologies are high density LSI
technologies with the optional choice for cost being
n-channel MOS.

At present, signal processing is in the form of
analog two-wire to four-wire conversion followed by
analog filtering, analog sample-and-hold operations,
and analog-to-digital or digitai—to—analog
conversion. The companding functions are also done
in the analog-to-digital and digital-to-analog
converters in an analog manneri Since n-channel MOS
is optimal for digital functions, it would appear
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practical to base a new system on digital signal
processing. However, there has heretofore been a
reluctance among the designers-of such systems to use
digital filters because such devices are complex
structures requiring a great deal of hardware and
dissipate a substantial amount of power.

In order to implement a digital filter
structure, an analog-to-digital and digital-to-analog
converter is required. However, in the subscriber
line audio processing functions, analog-to-digital
and digital-to-analog converters are required along
with analog filters so no penalty is paid by having
such converters. They are just placed in different
parts of the system. Digital filters also require a
reasonable amount of initial overhead at the outset.
An arithmetic processing unit, read only memory (ROM)
and random &access memory (RAM) are all required to
implement the filter. Therefore; a very simple
filter requires nearly as much silicon hardware as a
complex filter. Although filters required for the
subscriber line functions are complex filters, the
digital filter is cost effective when compared to. the
analog filter..

In comparing filter cost (based on silicon
area) versus the complexity (or the degree of
difficulty) and performance required from the filter,

. it has been noted that with analog types of filters

the cost increases in a linear proportion to the
complexity. However, in.the case of digital filters,
even though a high initial cost is paid, the cost of
adding additional complexity is greatly reduced. One
reason for this is that digital filters can multiplex
and time share hardware where <analog filters cannot.

The digital filter also requires no precision
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components whereas the analog fllter requires a large
number of precision components (whlch may have to be
trimmed and must have very low drift) in order to meet
performance specifications} The digital filter
can also be more accurate by just adding more bits in
the computational path.

Another problem in using digital filters for ;
such applications has been power dissipation due to |
the large amount of arithmetic processing. Typiéal

~digital filters require high:speed-multipliers which

dissipate a great deal of the power. Telecommuni-
cations systems require very low power dlSSlpatlon
and analog filters have tended to be of lower power
than digital filters. Consequently,.prior art
implementations have historically used analog filters

rather than digital filters.

SUMMARY OF THE PRESENT INVENTION

It is therefore a primary objective of the

present invention to provide a novel subscriber line
audio processing circuit in which all signal proces-
sing is accomplished after the input voice signals
have been converted to digital form.

Another object of the present invention 1is to
provide improved analog-to-digital conversion
circuitry for use in the audio processing portions of
telecommunications apparatus.

Still another object of the present invention
is to provide improved digital filtering techniques

for use in the signal processing portions of telecom-

munications apparatus.

Briefly, a preferred embodiment of the present
invention is comprised of a transmission path

including an input filter, an analog-to-digital
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converter, digital signal processing circuitry
including computer controlled and user programmable
digital filter devices, and a transmit registér, and
a receive path including a receive system, digital
signal processing circuitry including computer
controlled and user programmable digital filter
devices, a digital-to-analog converter, and an
output filter are provided.

The numerous advantages achieved in accordance
with the present invention will no doubt become
appararent to those skilled in the art after having
read the following detailed description of the
preferred embodiments which are illustrated in the

several figures of the drawing.

IN THE DRAWING
Fig. 1 is a block diagram illustrating the

system architecture of a subscriber line audio.
processing circuit in accordance with the present
invention;

Fig. 2 is a diagram schematically illustrating
an FIR filter; N

Figs. 3 and 4 ére diagrams schematically
illustrating two types of IIR filters;

Fig. 5 is a block diagram schematically
illustrating a prior art interpolative analog-to-
digital converter of the type used in accordance with
the present invention; '

Figs. 6(a) and 6(b) respectively illust}ate
three-level interpolation and twec-level interpolation
in accordance with the present invention;

Figs. 7(a) and 7(b) illustrate operation of

apparatus in accordance with the present invention;
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Fig. 8 is a diagram illustrating the frequency
dependent gain characteristic of an analog-to-digital
converter utilizing a converter of the type

illustrated in Fig. 10;
Fig. 9 is a block diagram illustrating an

interpolativerA/D converter modified in accordance

with the present invention;

Fig. 10 illustrates an alternative embodiment of’

an interpolative A/D converter in accordance with the

present invention; ) ‘ ,
Fig. 11 illustrates operation of the A/D

converter illustrated in Fig. 10;.

Fig. 12 is a diagram illustrating signal-to-

.digital noiée ratios for adaptive A/D converter in,

accordance with the present invention;

' Fig. 13 is a block:diagram schematically
illustrating a circuit for modifying operation of the
converter illustrated in Fig. 10;

Fig. 14 is a diagram illustrating operation of
a converter with and without the modification
illustrated in Fig. 13; '

Fig. 15 is a block diagram illustrating a
digital decimator filter in accordance with the
present invention;

Fig. 16 illustrates a hardware implementation
of the filter illustrated in Fig. 15;

Fig. 17 is a logic diagram illustrating an
implementation of an FIR filter in accordance with
the present invention; '

Fig. 18 is a logic diagram schematically
illustrating implementation of a 23 tap FIR filter in
accordance with the presenf inyention;

Fig; 19 is a logic dfagram schematically
illustrating a parallel adder filter implementation
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in accordance with.the present invention;

Fig. 20 is a logic diagram schematically
illustrating a combinatorial logic implementaﬁion of
a three-tap FIR filter in accordance with the present
invention; ' .

Fig. 21 is a block diagram schematically

illustrating a five-tap FIR filter utilizing an ROM

look up device; and
Fig. 22 is a block diagram schematically

illustrating an implementation of an eight-tap FIR
filter utilizing a ROM look up.

DESCRIPTION OF THE PREFERRED EMBODIMENTS
Referring now to Fig. 1 of the drawing,

a block diagram is shown of a subscriber line audio
processing circuit (SLAC)-10 for use in accordance
with a subscriber line interface circuit (SLIC) 12,
an example of which is disclosed in co-pending U.S.
application serial no.’ , filed

and assigned to the assignee of the present invention.
In general, the SLAC consists of means forming a .
transmit path including an input filter 14, an analog-
to-digital converter 16, digital signal processing
circuitry 18 and a transmit register 20. The

received signal path includes a receive register 22,
a receive signal processing circuit 24, a digital-to-~-
analog converter 26 and an output filter 28. In
addition, input/output contrel means 30 is also
included along with additional system control
circuitry 32 and SLAC control circuitry 34.

More specifically, the input filter 14 is a
simple anti-aliasing filter which is-used to prevent
signals near the sample rate from folding back into

the voice band during later decimation stages. Filter
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14 should have at least 10dB attenuation at 508kHz
(if Fg=512kHz). This can be accomplished. using
a single pole filter placed at 114kHz. Delay in
this filter is nominally l.4u sec.

As will be explained in more detail below,
the A/D converter 16 is an interpolative encoder
which. samples the input analog (voice) signal at a
relatively high sampling frequency, such as
512kHz (or 256kHz), and generates multi-bit digital
words representative of the signal amplitude at
each sample. ' 7

The A/D converter is a major éontributqr to
systém performance and_creates most of the errors in
the system. 1Its performance determines the signal-to-
noise ratio, gain trackipg, idle channel noise,
aparmonic aistortion, out-of-band signal response,
intermodulztion distortion and can limit frequency
response. , .

| The transmit signal processing circuit 18
includes a pair of low pass decimation filters 40 and
42, a balance filter 44, a transmit attenuation
distortion correction (ADC) filter 46, a transmit

'gain adjust circuit 48, a main transmit filter 50 and

a digital compressor circuit 52. As will be further
explained below, the A/D converter 16 will also
accurately convert signals that are above 3.4kHz and
therefore such signals must be attentuated with low
pass filters as in a traditional filter system. The
filtering is accomplished in accordance with the
present invention by means of a series of low pass

filters including those shown at 40, 42 and 50
respectively. The low pass deg¢imator filters 40 and
42 are frequency reduction filters. The transmit
filter 50 is not only a low pass filter but
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additionally includes a high pass filter section to
perform 60 cycle rejection that is normally done as
part of the anti-aliasing filter in a telephone
system. .

Digital filters require a great deal of
computation and the higher the frequency the more the
computation required, because a higher rate of
computation is required. Therefore it is important
from an economic view point to reduce the number of
computations and to reduce the sampling rate as
rapidly as possible. Accordingly, the function of
filters 40 and -42 is to reduce the sampling rate.
More specifically, filter 40 reduces the sampling
rate from 512kHz to 32kHz by providing a low pass
filter function. This filter must assure that no
signals above 32kHz get folded back into the pass
band of from 0 to 3.4kHz. Moreover, filter 40 should
have pacssband characteristics which are as flat as
poscible. It is not'necessary nor overly critical
that the pass band characterisitc be kept absolutely
flat, however, as this can be compensated for in
additional digital filter sections.

One advantage of the use of digital filters is
that since they have exactly precise characteristics,
other filters can be used to compensate for the
effects of a preceding filter. 1In using an analog
filter it is very difficult to use a subsequent
filter section to cancel out the effects of an
earlier section because filter variation is due to
the components of the filter.

The 32kHz signal out of filter 40 is then £fed
into a second low pass decimator filter 42 which
further geduces the frequency to 16kHz. This filter

must insure that there are no components are folded
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back into the pass band and that no components exist
at its output that would represent frequencies
greater than 12.6kHz, which is 16kHz less 3.4kHz. '
Although these two filters could be combined into one
filter structure, in the present invention they are
effectively split in two to provide 32kHz and 16kHz
signal points for use by other circuit components.

Bypassing filters 46 and 48 for a moment, the
main transmit filter 50 provides both low pass and
high pass filtering functions. The low pass
filtering function provides a low pass filter with a
roll off of 3.4kHz to 4.6kHz which is analogous to
the function provided by analog filters in prior art
systems. In addition, this filter provides
attenuation correction to compensate for the effects
of filters 40 and 42 and any effects caused by the
prefilter 14. The high pass section of this filter
provides 60Hz rejection and rejects any low frequency
sigrals which are not desirable to be transmitted in
a telephone system. The output of filter 50 is a
linear code. The choice of a linear code is required
to keep good signél—to-noise performance in the
system as well as to allow easy processing of the
signals.

The digital compressor 52 uses a digital

algorithm to convert the linear code to either a

B-law or an A-law code which is required in some tele-

phone systems. If a linear code output is desired,
this block can be bypassed in the system. The output
of the compressor is fed into a transmit register

"circuit 20 which when controlled by system control

signals input at 21 will transmit the data to a
telephone switch coupled to transmit terminal 50. The

functional units described thus far are somewhat
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analogous to the traditional functions accomplished
by the transmit filter and A/D converter of prior art
circuits. Traditionally, in prior art circuits, gain
adjustment means has been provided in front of the
transmit block of the system by means of a gain
amplifier of some sort. In the illustrated
embod iment, the gain function is performed by a gain
adjust circuit 48 which provides gain by multiplying
the digital word received from decimator 42 by a
digital constant. The digital constant is user
programable and can be accurately programmed such
that the gain has a very wide range of variation,
ranging from +12dB to minus infinity dB essentially,
as determined by proper choice of gain control words
that the user programs into the device.

Wherees, in prior art:systems, the gain must be
programmed by some manual adjustment of the system,
in the present invention since the gain is programmed
via a control I/0 bus 51, there are no physical
components to change and the gain can Ee programmed
at installation under computer control greatly saving
cost and time to the manufacturer. The balance
filter 44 is used to achieve a transhybrid balance
function as will be further described below.

Referring now to the receive path, signals
received at terminal 55 are input to receive register
22 and are then input to the processing circuitry
24 which includes a digital expander 54, a main
receive filter 56, a gain adjustment circuit 58,
receive attenuation distortion correction filter
60, a pair of low pass interpolator circuits 62 and
64, and an impedence filter 66.

Expander 54 functions under programAcontrol

input at 57 to take either a p—law or an A-law code
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and convert it to a 12 or 13 bit linear code as in
the transmit section. If the control word indicates
that the input word is linear, the expander ‘may be
bypassed. The input sample rate of the system is
8kHz.

The object of the receive path is to simplify
the receive filter which presently must filter an
8kHz component using a low pass filter téchnique.
Additionally, the present receive filters must

compensate for distortion caused by low sample rate.

_This distortion is known as sinX/X distortion and

causes an apparent attenuation of signals when the

signal frequency gets to be an appreciable percentage.

of the sample rate. For instance, a 3.5kHz signal in
an 3kHz sampling system has about 2 or 2.5dB of
attenuation that must be corrected for.

In accordance with the present invention, the
goal is two fold. - One is to use filter techniques to
increase the sampling rate and to determine all the
points that are necessary to achieve a much higher
sampling rate, i.e., a sampling rate of 256kHz (or
128kHz). At the higher sampling rate, there is a two
fold advantage. First, the sinX/X distortion is
greatly reduced, in fact it is reduced to a point
where it is so small that it is not necessary to
correct for it. And secondly, the only component
other than the voice band components below 4kHz that
is present is the .sampling component.

By having a sampling component at a very
high frequency'such as 256kHz (or 128kHz) the size of
that component is greatly reduced and is much easier
to filter because the receive filter 56 must be
flat for voice band signals and have a lot of
attenuation at the sample rate. The higher the
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sample rate the easier the filter is to design
because of the bigger difference from the pass band
to the stop band of the filter. -
Filtering is accomplished in accordance with
the present invention using the three filters 56, 62
and 64. The main receive filter 56 is a low pass
device similar to the low pass component of filter 50
and runs at 16kHz, whereas the high pass section of
filter 50 runs at 8kHz. Filter 56 receives an 8kHz
signal but outputs a 16kHz signal. It must therefore
have a considerable amount of attenuation in the band
between 4.6kHz to 8kHz in order to reject any folded
frequencies and to reject the 8kHz component that is

present due to the sampling rate. Whereas, the

- transmit filter 50 is both a low pass and a high pass

filter, filter 56 is only a low pass filter.

The reason for the low and high pass components
in the transmit circuit, and only a low pass in the
receive filter is that in the transmit path, since
the signal is received from a telephone line and such
lines typically run along side the power lines, it is
very easy to pick up 60Hz signals in the U.S. and
50Hz signals in Europe. Some of that signal
unfortunately feeds into the telephone system. The
high pass filter section 50 is designed to reject the
60Hz signals and once the signals have been rejected
and the system is in digital form, there is no way
for 60Hz signals to get fed into subsequent digital
sections. As a result, there is no need for the 60Hz
filter in the receive path.

The output of filter 56 is input to a gain
adjust circuit 58 and .then into a receive attenuation
correction (ADC) filter 60, ﬁoth of which will be

further described below.
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The first low pass interpolator circuit 62
receives a 16kHz input éignal from circuit 58 and
develops a 32kHz output signal. It functions as a
low pass filter, the purpose of which is to greatly
attenuate the 16kHz component. Since the output is
at 32kHz, this filter introduces a 32kHz component.

The second low pass interpolator circuit 64 is
also a low pass filter which outputs either a 256kHz
(or. 128kHz) signal in the present system to provide
low pass filtering of the 32kHz components and to
introduces some components of lower magnitude at the
higher frequencies. Filters 62 and 64 are mainly
concerned with filtering the high frequency
components. If they are not perfectly flat in the
pass band, such performance is highly predictable and
can be compensated for by:filter 56, which in the

V'present system it does because filters 62 and 64 do

attenuate some of the signals around the high end of
the pass band, i.e., around 2 or 3kHz. Accordingly,
filter 56 is provided with a compensation network
that compensates for the attenuation caused by filter
62 and 64.

The output of filter 64 is then fed into the
D/A converter 26 which converts the signals to analog
form and passes them through the output filter 28.
In telephone systems, the high frequency components
must be at least 28dB down from the low frequency
components. At a 256kHz sample rate, the signal is

'28dB lower than the component at 3.4kHz. Thus,

theoretically no post filter or smoothing filter is

required. However, in the present system, the filter

28 is included for safety .purposes. h
Digital filters are compl:ex arithmetic proces-

sors that implement the basic filter equation
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Yi =la. + a Z_l +a. 2724+ ...a z0
0 S 5 D) xi (1)
l—blZ~+b2Z +...bmz__1

where X represent the input samples and Y; represent
the output samples.

In Fig. 2 of the drawing, an 8 tap FIR filter
sometimes referred to as a transversal or non-
recursive filter, is schematically illustrated and
includes seven storage or delay units, eight
multipliers 69 and seven adder units 70. As will
be appreciated, this circuit will implement a filter
of the form represented by the equation

Yo = By Xp + Ay X3 + Ry X ot ...A7 Xy (2)
wherein the A0 - A7 represent tap coefficience input
to the multipliers 69 and the Xg - X.7 represent the
present and delayed input values of X which are to be
multiplied by the réspectiye tap coefficients. The
illustrated 8 tap device is unconditionally stable in
that it has no feedback and the output value is only
a fvnction of a previous set of input values.

In Fig. 3 an IIR filter of the canonical
form sometimes referred to as a second order
recursive filter is illustrated which includes two
delay units 71, four adder units 72 and four
multiplier units 73.' This circuit can be used to
schematically represent a filter having the egquation

Y, =Xy + AgX_y + A, X + ByX_y + BiX_, (3)
and is suitable for use as a low pass filter. 1In
general this filter, much more efficient than the FIR
filter (only two memory units), has faster roil—off,
etc.

In Fig. 4, an IIR filter in coupled form is
schematically illustrated. This device is suitable

for use as a high pass filter having the equation
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= - "' o+ aA X'-1 (4)
¥, = X, + (A - By X'y + 2 |
where | 1 .
X'y = Xy + BX'_| - BX _;
and 11 1 1
X 0= BOX -1 + BlX -1

Note that this filter includes two delay units 74,
six multipliers 75 and five adders 76.

A filter can be considered to have finite
impulse response (FIR) if in equation (1) above all
b; = 0 and othe:wise.is,considered to have an
infinite impulse response (IIR). IIR filters tend
to be more efficient in that a given filter
characterisitic can be implemented with fewer
coefficients. The basic tradeoffs in looking at
filters are the total number of multiplications and
additions per second, the- total amount of memory

‘required to store input and outpt samples (RAM) and

the total memory required to store the coefficients .
(ROM) . . I

For maximum efficiency the filters should run
at as low a sample rate as possible. This statement
applies to both FIR and IIR filters. IIR devices
require more coefficients to implement the filter as

the sample rate increases. In fact, the number of

coefficients approximately doubles as the sample rate
doubles. Thus, as sample rate increases, the amount
of RAM and ROM increases linearly and the arithmetric
rate increases as the square of the sample rate
increases (higher math rate x higher number of
computations). IIR filters do not reqguire more
coefficients as sample rate increases but require
larger words so the computation takes longer (using
serial/parallel multipliers) and the computation rate

increases with sample rate.
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The proper architectural choice seems to be to
try to reduce the sample rate of the system by using
a low pass filter, the stopband of which begins at a
frequency much lower than Fg/2. For example, 1if a
low pass filter removes all components below Fg /16
then the output of the filter can be described by a
system with a sample rate of Fs/8, 1l.e, Zsz/l6.. This
sample rate reduction is achieved by using every
eighth output:of the filter and throwing away the
seven others. Notice that in an interpolative A/D
converter the data is oversampled by 32 to 64 times
the frequency of interest so that the filter required
to limit the signal to Fg/16 is still fairly simple.
In the telephone type application, sample rate can be
reduced from 512kHz to 32kHz with a low pass filter
the stopband of which begins.at 16kHz. Since the
passband ends at 3.4kHz, this filter:is much simpler
thar the filter required to perform actual low pass
filter functions (it has a 4.6kHz stopband). '

The low pass filter is most efficiently
implemented as an FIR filter. This conclusion is

based on the following reasoning. An IIR filter used

as a low pass sample rate reducer (decimator) must
operate at the sample rate, calculate results at
the initial sample rate and then throw away 7 of 8
results. Ali results must be calculated bécause each
results is needed to calculate the next result. The
low pass filter, however, can be a second order filter
but requires 5 coefficients or 5 multiplies and 5
adds every 4pusec, or a multiply rate of 2.5MHz and an
add rate of 2MHz. An FIR filter must only
calculate evéry eighth result. It does not have to

calculate the seven unused results because they are
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not needed iﬁ the calculation of future samples. A
20 coefficient filter can be'implementéd that
requires 20 multiplies and 10 adds at 32kHz. The
multiply frequency is reduced to 1.28Hz and the add
rate is 1.204kHz. ~Furthermore, it can be shown
that the amount of memory required is comparable and
the FIR filter can be implemented with a simple
serial adder structure to save hardware.

The most complex function in the digital filter
is the multiplication. Multipliers can require large
amounts of hardware to implement and can dissipate
subsstantial power. As indicated above, the
decimator filter requires very high multiplier rates
of 1.2MHz to 2.25MHz. Multiplication is normaliy
accomplished in a fully parallel combinatorial
circuit which requires a tremendous amount of
hardware, or as a serial/parallel function with
adding a2nd shift. The serial/parallel multiplier
requires an N bit shift register, N + M bit adder and
N clock cycles to perform an N x M multiply.

"However , neither of these .approaches is a good choice

for an LSI processor.
One promising technigque is called short word

optimization. Using this technique number of 1l's is
minimized in the coefficient and the multiplication
oﬂly requires additions when.a 1 is present. For
example, with a barrel shifter and a coefficient of
12 bits which contains only 3 ones, a multiply can be
accomplished in 3 clock periods by ignoring all of
the additions where zeros occur in the coefficient.
Techniques for simplifying the coefficients are quite
complex and require compromising the filter to some
degree (this can be compensated for by increasing its
complexity). FIR filters which have more coefficients
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seem to have less sensitivity to coefficient
simplification although IIR filters designed from low
sensitivity real filters also can have good

insensitivity to coefficient simplification.

Since the interpolative A/D converter is a

- highly over sampled system with the information of

interest in a lower frequency band than the output of
the system, digital filters such as those shown at
40, 42, 46 and 50 in Fig. 1 are required to remove
the high frequency error components generated by the
converter, to average and smooth the low frequency
signal components, and to do any other low frequency
filtering required. The digital filtering can be
accomplished with a variety of different
architectures using finite impulse response (FIR)
and/or infinite impulse response (IIR) filters to
implement the system.

In the preferred embodiment of the device
generally illustrated in Fig. 1 of the drawing, the
low pass decimator 40 is comprised of a four tap FIR
filter and two 3-tap FIR filters, the first of which
reduces the 512kHz signal to 128kHz, the second of

"which reduces the 128kHz signal to 64kHz, and the

third of which reduces the 64kHz to 32kHz. The second
low pass decimator 42 is embodied as a 5— tap FIR
filter which reduces the 32kHz signal to 1l6kHz, the
transmit ADC filter 46 is an 8-tap FIR filter.
Transmit gain adjust filter 48 is a one tap FIR
filter and main transmit filter 50 is a three IIR
filter device including two low pass filters of the
canonical form and one high pass filter of the
coupled form. The main transmit filter reduces the

16kHz signal to 8kHz. The balance filter 44 is an 8-
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tap FIR device.
The system allows both the incoming audio and

a portion of the outgoing {(receive) signal to flow
into input filter 14. But since the outgoing signal
generated is known as well as the time required for
it to come back around through the system, the
balance filter 44 can be used to generate a
cancellation signal which added into the transmit
path at 45 will cancel out the returned signal.
Moreover, even though the line characteristics are
not initially known, the characteristics of the
system are known. However, the user can determine
the line characteristic and program filter 44 to
provide proper balance and since filter 44 1is
programmable in digital form such cancellation can be
very accurately accomplished. _

The main receive filtér 56 includes 2 canonical
IIR low pass filters which increase the received
signal-from 8kHz to l6kHz. Receive gain-adjust
filter 58 is a one-tap FIR filter, receive ADC filter
60 is an 8-tap FIR filter, and low pass interpolator
62 is a 5-tap FIR filter which increases the 1l6kHz
signal out of filter 60 to 32kHz. The second low
pass interpolator is comprised of three 3-tap FIR
filters which respectively increase the 32kHz
signal to 64kHz, 128kHz and 512kHz.

Impedance filter 66 is a 47(or 8) 8~-tap FIR
filter which is used to match the line character-
istics. More specifically, impedance filter 66 can
be used to modify the input impedance of the system
as seen at the 2-wire system input port. Filter 66
effectively feeds the voltage lgenerated at the input
port back around and into the incoming signal. . If
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done with proper amplitude and polarity “the value of
the effective input impedance can be changed to match
the characteristic impedénce of the telephone line.
Control of the impedance of filter 66 thus mzkes it
possible to reject echoes and to match different
input lines. However, modifying the input impedance
makes the gain of the system frequency sensitive.

But, the transmit and receive ADC filters 46 and 60

can be programmed to compensate for any such

attenuation distortion created by use of filter 66.
The gain adjust filters can also be used to add built
in losses for eliminating transmission problems such
as ringing and oscillation.

The test loop 67 is provided to permit testing
of either the device or the line and may be used to
facilitate the selection of.coefficients for various
filters. -

The SLAC also includes a serial control
interface 32 to a digital control computer for
programming a number of functions on the device. The
interface has a serial control bus 33 which is used
to program the transmit and control time slots for
the SLAC as well as setting the transmit and receive
gain of the device. It has a power down function as
well. Timing inputs include a data clock DCLK, data
input DIN, data output DOUT, and chipselect CS for
the serial interface, a master clock MCLK for the
time control fo the ALUs, traﬁsmit and receive clocks

CLKX and CLKR, transmit and receive frame

synchronization pulses FSX and FSR and a time slot

strove TSC for the interface to the PCM system. The
time slot assignments are with respect to the frame
synchronization pulses FS. Wken the transmit path
goes active, a time slot strobe pin (TSC) is pulled
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low to drive a tri-state buffer if tllnat is required
in the system. The transmit and receive PCM buffers
have separate clock inputs in order to be able to
operate asynchronously, but in most systems the
transmit and receive clocks will be in common. The
frame synchronization pulses are also separate'for
transmit and receive but in most systems a common
pulse will be used, and if different time slots are
required, this can be programmed in on the time slot
selection control input. :

Using the serial control bus 33 transmit and
receive time slot information is programmed into the
device to determine when it is to transmit and receive
data; coefficients for the impedance filter 66,
balance filter 44, transmit ADC filter 46 and
receive ADC filter 60 arke all programmed in one
byte at a time; and the transmit and receive gain
adjust coefficients are also programmed in. All of
thic data can be read back out on the DOUT line of
bus 33 under appropriate control. additionally, the
device can be programmed into special configurations

using bus 33. For example, the device can be

- configured to operate using u-law, A-law or linear

coding.

Furthermore, the four programmable filters 44,
46, 60, and 66 can all be set to default values,
i.e., the impedance filter 66 and balance filter 44
can be set to zero, and the two ADC.filters 46 and
60 can be set to unity. The gain adju'st filters 48
and 58 have default values that can be set at unity.
The receive gain adjust filter 58 also has a second

default value of zero for cutting off the receive

-

path. ~
The test condition is set by programming in a
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command which modifies the input to the various
filters, i.e., the output of the low pass interpolator
64 is fed into the low pass decimator 40 for éigital
loopback, and for analog loopback, the output of the
A/D converter 16 is fed into the D/A converter 26.
These operations are of course accomplished under
program control. An additional feature of the device
is that in the outputs to the SLIC, a TTL latch is
provided by which the outputs are programmable via
control words on the serial interface bus 33.
Referring now to Fig. 5 of the drawing, a
schematic block‘diagram is shown illustrating a
simplified versioh of a prior art interpolative
encoder of the type used to implement the A/D
converter 16 shown in Fig. 1. 1In the basic encoding
loop, negative feedback is used to minimize the
average difference between the analog input x(t) and
its quantized representation g(t). The difference
between x(t) and qg(t) is integrated and summed with
the instantaneous difference between x(t) and g(t) by
an integrating amplifier 77 and the polarity of the
result is detected by a comparator 78. The output of
comparator 78 is fed into shift control logic 79
which directs an increase or decrease 1in the
guantized signal g(t) generated by a digital-to-
analog converter (DAC) 890. In the preferred
embodiment logic 79 includes an 8-bit bidirectional
shift register that acts as a digital accumulator
filling with ones at the bottom (the least
significant bit - LSB) and zeros at the top. As the
register fills with logical 1's, the magnitude of
the quantization increases. The polarity of the
quantization is also monitored by logic 79 and is
output in the form of a sign bit SB on line 81. The
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magnitude is output on lines 78.
additional details and operational character-
jstics of a circuit similar to that illustrated may
be found in an article by Bruce A. Wooley and James
5 L. Henry eﬁtitled "An Integrated Per-Channel PCM
Encoder Based On Interpolation”, PpPPp. 14-20, IEEE
Journal of Solid- State Circuits, Voi. SC 14, No. 1,

February 1979. :
Although the above-described interpolative A/D

10 converter and others disclosed in the prior art may
be used in a system in accordance with th.e present
invention such converters suffer from several disad-
vantages. Since the comparator output is sampled at

) Fg(which is much greater than the input 'frequency

15 rangye of interest) and is used to control the shift
register to determine the new quantized output, the
DAC output must change at évery sample because a 1-
bit code allows only two conditions, i.e., increase
and Aecrease, and does not allow a state where the DAC

20 output remains constant. More specifically, the
shift register control only allows the DAC inputs to
be 0, + 00000001, + 00000011, + 00000111, +00001111,
+ 00011111, + 00111111, + 01111111, or + 11111111l.
As pointed out in Candy et al, "A Per-Channel A/D.

25  Converter Having 15-Segment p-255 Companding™; pp 33-
42, IEEE Trans. on Communications, Vol. com-24,
No. 1, January 1976, these codes have been chosen to
correspond to 4/3 times the end points of the p-law
chord characteristics sd that the average of any two

30 points is the end point of a p-law chord. The shift
register controller allows only 17 levels in the
system, e.g., 8 positive levels, 8 negative levels
and 0. The feedback loop will cause the A/D to

try to force the integrator"output towards zZero so
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that the integral of g(t) will try to equal the
integral of x(t).

For DC input signals, with proper damping set
by the resistor R and capacaﬁor C, the system will
generate a pattern such as that illustrated in Fig.
6(a) which is a three level oscillation around the
input signal. The authors describe a 256kHz system
wherein 32 samples are effectively averaged two steps
at a time. Each two reading step is averaged by
taking the lower of the two readings and dropping the
4/3 scale factor. For example, if one reading is 4/3
of the end point n, the next lower reading is 2/3 the-
end point n, and the average is end point n which is
the same code as the lower reading. This average
reduces the number of samples to 16 and they are
averaged in a parallel 12—bit adder to give a 12-bit
result. The resolution in the adder is a function of.

. the number of samples (N) averaged and the resolution
of each sample, i.e., loga N x resolution of an
individual sample = resolution of result.

Kawahara et al, infra, and others have aiso
described the use of a 512kHz system with averaging
done only down to 32kHz. However, all these systems
exhibit several problems the reasons for which will

now be discussed along with solutions proposed in

accordance with the present invention.

1. Frequency dependent gain.-- With regard
to this problem, the sample rate and the number of
levels in the converter are the basic system
constraints. As the input frequency increases, the
system has more trouble tracking the signal as shown

“in Figs. 7(a) and 7(b). Aé will be noted in Fig.
7(a) , the system tracks féﬁrly well at 250Hz.

However , when the frequency is increased to 4kHz the
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tracking deteriorates as illustrated in Fig. 7(b).
For a signal to go -from + full scale to - full scale
takes a time of (2M-1)T and maximum frequency at
full amplitude that the system can generate is
Fg/2(2M-1). For the 8 level system, this is Fg/30.
However , near these frequencies, errors are created.
Even at lower frequencies, the signal distortion is
significant. A frequency dependent gain can be
observed by'measuring the output component of the A/D
converter at the input signal frequency and the
results for a 256kHz sampie rate and an 8 level
system are shown in Fig. 8. Increasing the sample
rate to 512kHz improves the response at low
frequencies but frequency dependent gains still
occurs at higher frequencies. This can cause
significant problems in the system if it is not
corrected.

2. DC signals are limited as a function of
sample rate. -- Limited DC resolution is due to
the difference between levels and the number of
samples averaged. In the above-described systen,
every other level represents a level halfway between
the two levels. The three level oscillation in Fig.
6(a) can be replaced with a two level oscillator at
Fg/2 as shown in Fig. 6(b). The two levels are
spaced 2:1 apart and the resolution is determined by
the number of samples averaged. In the approacﬁ
taken by Candy et al, supra, 16 samples are averaged
so that the resolution of signal is abproximately one
part in 32 or similar to the resolution' obtained in

following the p-law or A-law practice. A higher

sample rate, i.e., 512kHz would allow twice as -

many samples to be averaged .and would allow more
resolution, i.e, 1:64. The resolution of these
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systems can be said to be l1:(Fg/Fgoyt) where
Fout is the output sample rate. o .
3. Dynamic range is limited as a function of
sample rate. -- Limited dynamic range is a problem .
that is similar to limited resolution. The dynamic
range is the ratio of the smallest level resolved io
the largest. The smallest level resolved is near
zero and is XO(Ebut/Fs) where X; equals the outa;t
for the code 00000001. The largest level is 2 X
where M is the number of levels (positive or
negative) in the DAC. The dynamic range is therefor
2}@Fs/Fout and can be increased by either increasing
M or Fg. However, if M is increased without -changing
Fsp, the frequency where tracking problems occur is

lowered.

4. Limited high frequency signal capability.--
When high frequency signals are applied to the
corverter which cannot be tracked, the output tends to
collapse and go '180° out of phase with the input.
Under some circumsténces in-band signals (low
frequency) are also created by the non-tracking mode
which are less than -30dB below the input level.

5. Out-of-band signals generating in-band
signal components. -- The averaging digital filter
used in the above-described circuit is not the
optimum configuration because it does not adequately
filter out all out-of-band signals and can cause
folding of out-of-band signals into the passband.
Out-of-band signals are generated not only by out-of-
band input signals but by the A/D switching at the
high sample rate of 256kHz or 512kHz. Signals
between 4 and 8kHz are not adeéUately attenuated and
will fold back into the passband (assuming a 0 to
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3.4kHz passband). Signals near 12kHz will also fold.
back into the passband with only -13dB attentuation.
Therefore, it seems that this A/D conyertef would
require a precision prefilter in order to be useful
for voice band signal processing.

The A/D generates out-of-band signals in the
range of -20 to -50dB below the input level and some
of these signals will fold back with less than -30dB
attrenuation and will increase the in-band noise.
They can also increase the system signal-to-noise
ratio-. The interpolator with 512kHz input and 32kHz

output averaging filter has better performance. This

. filter requires complex filtering afterwards but can

eliminate all but a simple prefilter. Signals
falling within the bends of 32 to 36kHz, 60 to 68kHz,
etc., still fold directly into the passband and more
attentuation is desirable in those bands.

Referring now to Fig. 9 of the drawing, an
imrrovement over the A/D converter shown in Fig. 5 is
illustrated. Although somewhat simplified in form,
the portion of the circuit enclosed within the dashed
lines 90 is essentially the same circuit illustrated
in Fig. 5. In accordance with the present invention,
a second comparator 91, a flip flop 92 and additional
control logic 93 have been added to generate a 2-bit
code rather than the l-bit code developed by the
embod iment of Fig. 2, and a digital auto-zero circuit
94 has been added to add offset voltage to amplifier

7.
The additional comparator 91 is used to sample

‘the instantaneous difference between the input x(t)

and the _quantized output ¢g(t). Damping resistor R is
no longer needed and is shown* shorted by a line 95.

As a result, the original comparator 78 compares only




WO 81/03724

10

15

20

25

30

PCT/US80/00752

-29-

et s v me em

the integral of the delta signal [x(t)-g(t)]. The

two comparator system has no overshoot or undershoot
(beyond one level) and does not need analog démping.

With one comparator only two new states were
possible -- an increase or a decrease from the prev-

ious value. With two comparators it is possible for

g{t) to have four possible new states. The extra
states can be increase (or decrease) by a greater (or
less) amount, or stay the same. In the present sys-
tem, the only extra state causes the output to remain
constant. The ability to remain at a particular
level insures that for a DC'iﬁput the system will
oscillate between the two levels that bracket the
input, changing at the sample rate. This is an
improvement over the one comparator system which, as

shown in Fig. 6(b), can only be reduced to a two

level oscillation at half the sample rate. The
second comparator gives an effective doubling of
information (for DC signals) and provides 6dB more
dynamic range and 6dB more resolution with no
increase in sample rate or number of levels.

The second comparator also provides an addi-
tional 2.5dB of dynamic range by allowing the signals
in the DAC 76 to be 2.5dB lower. The one comparator
system requires that the maximum DAC output be 4/3
the maximum input level since that level is represen-
ted by the system oscillating between 11111111
(Vinpayx x 4/3) and 01111111 (Vingag x 2/3). The
two comparator system can hold the output at 11111111
to represent Vinp,y and therefore with the same full
scale range, it can use levels that are 3/4 those in
the one comparator system. This allows 2.5dB more
dynamic range. Howevéer, the digital signal
processing must be modified to use the two comparator

BUREAY

OMPI




WO 81/03724 PCT/US80/00752

10

15

20

25

30

- T T 30-

system. No longer can every two samples be averaged
by using the digital code of the lower reading and
therefore, the average (or other signal processing
algorithm) must be applied to all samples.

The auto-zero circuit 94 includes a DAC 96
and a pair of 6-bit up/down counters 97 and 98.
The counters integrate.the sign bit of the 8kHz
which is developed in transmit filter 50 in front
of its high pass filter section and fed back via
lead 99. If an offset exists in the system, the

counter 97 and 98 will count up or down until the

six-bit code (sign bit plus five magnitude bits)

fed into DAC 96 causes it to develop an output

level suitable for input to amplifier .70 to compensate

for the offset. Thereafter the number of plus and

minus sign bits will remain. the same and the counter

97 will Jjust toggie back and forth. The lower six
bits in counter 98 are used as damping bit for redu-
cinc- the frequency of any toggle to below the pass-
band of the system such that if any toggling exists,
it will be at a low frequency and be filtered out by
subsequent high pass filter of transmit filter 50.

Another indeéendent improvement to the system is
illustrated iﬁ Fig. 10 and utilizes an adaptive method

' of controlling the shifting process in order to allow

more levels to be used to obtain greater dynamic
range but remove unneeded levels to improve frequéncy
response. In addition to the components of the
embod iment illustrated in Fig. 9, this embodiment

includes a peak value register 100, a comparator 102,

-a subtractor 104 and a comparator 106. The. adaptive
~algorithm is based on the fact that the system loses

track of high amplitude 51gnals as frequency
increases because it has dlfflculty following the
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signal. The major problem occurs as the signal goes
through zero where the quantizer has many low level
signals and the input is changing at its maximum
rate. This is the problem demonstrated in Fig. 7(b).

The levels near zero contain limited
information for large amplitude AC signals and if
they can be removed, the system accuracy will not be
significantly reduced. The adaptive algorithm senses
the peak magnitude during each cycle and removes an
appropriate number of levels around zero to allow the
system to track the input signal. More specifically,
the peak value of the quantized signal in register 98
is stored in the peak value register .100 and the
stored peak value is compared to the present value by
the comparator 102. At the same time, the present
value is also subtracted from the peak value by the
subtractor 1304 and the difference is compared to a
reference input to comparator 106 at 108. However,
the subtractor output is not simply the difference
between the two inputs, but rather is the difference
between the number of ones in each of the iﬁputs A
and B.

The output developed by comparator 106 causes
the sign bit (SB) to change. As the quantizéd value
goes toward zero, the levels around zero are removed
by skipping over them and changing the sign bit. The
level at which the sign bit is changed is determined
by the peak level. 1In the adaption illustrated, it
is five levels below the signal peak (unless thé peak
level is 00001111 or lower in which case the adaption
reverts back to normal operation) and removes a
different number of levels dependent upon the input
amplitude keeping ten active levels.

The peak value must be able to decay as the
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signal levelichanges. This can be accomplished in
numerous ways. For example, (a) by reducing one
level at each zero crossing, (b) by reduci'ng the
level if a particular level is not reached for a
fixed period of time (such as 125U sec in a PCM system
with f_i_na:l output at 8kHz sample rate), or (c) by

'reducing it at a fixed periodic rate. The implement-

ation presently used and illustrated in Fig. 11
reduces the peak level at each zero crossing. This

adaption technique reduces the number of active

levels from 17 to 10 and -the maximum frequency that-

can be tracked is increased from Fg/32 to Fg/18.
The penalty paid is a very slight increase-in signal-
to-quantization noise for AC signals. The increased

noise is due to the removing of levels near zero.

However, the levels removed represent signals which -

are less than 1% of the period of a sign wave and the
increase in signal-to-noise is minimal.

The frequency dependent gain characteristic is
also modified and pushed out higher in frequency with
much less effect on low freguency signals as shown in
Fig. 8. Figs. 7(b) and 11 show the response of a
0dB, 4kHz signal with and without adaption
respectively. This scheme gives frequency response
benfits without an increase in sample rate and with
no real penalty in performance, specifically dynamic
range, resolution, and signal-to-noise ratio.

The adaption scheme can allow the system to
increase its dynamic range without the penalty to
frequency response. The DAC illustrated in Fig. 5
uses 17 levels and has just enough dynamic range and
resoluti_o_n for the application. It can only be
increased by an increase in sample rate and/or the

addition of more levels. However, to add more levels
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would require a higher sample rate because the
frequency response characteristic would not be
acceptable otherwise. With the adaption scheme shown
in Fig. 10, more levels around zero can be added with-
out degrading frequency response because they will
only be used for very low signals. C
A system using a 10-bit DAC with 21 levels
from 0000000000 to + 1111111111 would still use only
the five highest i;vels as indicated by the peak
register, and would have an additional 12dB of dynamic
range since the lowest level would now be Vingin
instead of vinma;/zss. The levels added would
be near zero as the maximum level would always be
equal to Vinpay (or 4/3 Vinpszy if only one comparator
is uséd). The number of levels‘nea; zero that can be
added is limited by the noise of the system and as

~long as there is the same relative accuracy of all

DAC levels, the system performance is expanded to
cover another 12dB of dynamic range. Fig. 12 shows
the signal-to-noise ratios for 17 level and 21 level
systems using the adaptive algorithm.

The adaptive algorithm described above improves
frequency response and dynamic range at a given
sample rate. It only operates on the magnitude of
the input signal and behaves identically independent
of frequency.

A further addition can be made which allows the
system to modify the adaption based on the input
frequency. This addition senses that the input
frequency exceeds a frequency where the A/D converter
can accurately track the input and modify the
adaption by removing more levels around zero. This
will increase noise for high frequency inputs but
will allow the input to be tracked up to higher
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frequencies. A modification which enables such
capability is the addition of the circuit shown in
Fig. 13 to the circuit of Fig. 10. This circuit

compares the sign bit of the input (developed by a

comparator 110) with the quantized sign bit (from DAC
96) over a 32 sample period as determined by a 4-bit
counter 112. 1If they are different for more than 50%
of the samples, the system is not accurately tracking
the input and the adaption is modified by removing
more levels. This system allows the A/D converter to
track the input using 10 active leveis first, and

then reducing the number of levels to 8, 6 and 4 as

determined by the 6-bit counter 114, the two-bit
counter 116 and the decoder 118. See the following

table. .
' Adaption
. Q0 1%1 * Status
0 0 uses 10 levels
0 1 uses' 8 levels
1 0 uses 6 levels
1 1 uses 4 levels

This creates switch-over points near Fg/18, Fg/14,

track further.

The system could also be modified to start out
using all 17 (or 21) levels and then remove levels as
it senses that it is not tracking. This dynamicaly
changed adaption has a fast "attack" time (32 samples)
but must have a long "decay" time (generated by the 6-
bit counter 114) in order to remain stable. Fig. 14
shows the response to a 16kHz -signal with and without

-

Still another area of possible improvement

resides in the digital signal processing of the
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results of the A/D converter. Candy et al, supra,
have described the use of an averaging filter to

" reduce the output frequency of the A/D converter, and

Kuwahara et al, in "Interpolative PCM CODECS with

Multiplexed Digital Filters"™, p. 174, Proceedings 1980

IEEE International Solid-State Circuits Conference,
February 14, 1980, disclose the use of an averaging
filter to reduce the output frequency to 4 times the
final output and then an infinite impulse response
(IIR) filter to filter the lower frequencies.
However, two key points are missed in these prior art

approaches.
The first is that the sample rate is being

reduced by the decimation filters and the most
impor tant task of the filters is to insure that the
frequency components folded into the passband are
adequately attenuated. 1f components in the passband
have attenuation diséortion, such distortion can be
corrected in a filter at or near the final sample
rate. Averaging filters do not. really give adequate
attenuation to out-of-band-signals.

The second point is that the decimation filter
used with the A/D should provide adequate attenuation
at all bands of width 2Fpass around all folding
frequencies. One way of providing this performance
is to place multiple transmission zeros at all
folding frequencies. A filter capable of doing
this is shown in Fig. 15. This filter includes an
arithmetic processor 120, a coefficient ROM 122, a
counter 124 and an adder and accumulator 126. The
filter equation is L i = 22

Y, o= 2_5-6'}: aixi (5)

The filter reduces thé frequency to 2Fgfinal and

allows a final‘digital filter to do any signal
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shaping. This filter includes the composite of all
the decimator stages required to reduce the sample
rate down to 16kHz. '

This filter provides significantly more
protectlon against out-of-band components than an
averaging filter and eliminates the need for all but
a_ simple single pole filter in front of the A/D
converter. The filter also processes mOrLE€ than N
terms for a frequency reduction of-N and allows more
resolution and dynamic range for the same A/D
converter. The idea of processing more than N terms
in a frequency reduction filter requires that the
filter have some memory but -this can be kept to a
minimum as indicated by the embodiment shown in Fig.
16. This embodiment provides a single filter stage
with a output at 16kHz rather than the earlier
described circuit which operates with multiple
simple filters reducing the sample rate with several
intermediate stages. The A/D converter output is
used as part of 3 different summations which are
stored in memory. Furthermore, the. A/D eutput gets
multiplied by 3 different constants and added to each
summation. The summations are completed at different
times and a new summation has begun.

In summary then, an interpolative A/D convertr
can be improved using any of three independent tech-
niques: (a) By adding a second comparator to give
6dB .(8.5dB) additional dynamic range and 6dB more
resolution at a given sample rate, (b) By adding an
adaption scheme to allow better tracking of high
frequency signals and as much additional dynamic
range as 1s needed limited only by system noise; or
(c) By modlfylng the frequency reduction filter from
an averaging filter to a filter that provides more
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attenuation around folding frequencies and one that
processes more samples to improve dynamic range.
resolution and reduce noise. '

An FIR filter can be designed for the output of-
the interpolative A/D converter using the fact that
the A/D output can be converted to a code which con-
tains only a single 1. The filter can be implemented
with only additions and shifts, and the number of
adds equals the number of coefficients. The amount of
memory is reduced greatly because each sample only
affects a few output words. For example, in a 20 tap
filter with a frequency reduction of 8, each input .
sample is only used to calculate two or three output
samples rather than twenty. Therefore, a running sum
of ajAxj can be kept and it is not necessary that
the input sample be stored. The input sample is
multiplied by aj for sum no. 1, a; +8 for sum no. 2
and a;+16 for sum no. 3. When the summation has 20
values in it, it is output and that storage register
is cleared. This multiplication can be accomplished
by a fully parallei shift array or a tapped shift
register. -

A fully parallel shift using a parallel shifter
and a parallel adder allows each multiply to require
one clock period. A 20 tap filter with 32kHz output
requires an add rate of 640kHz. If a 2MHz system
clock were available, this shifter and adder would be
available for 1,360,000 more operations per second.
A simple parallel structure using one bit adders and
a 10 gate array requires 2 shift registers and one
adder for each sum or 6 shift registers and 3 one bit
adders total. A 16 bit word length would require a
clock of 4MHz (assuming 512kHz Sample rate).

The digital processing basically performs a low
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pass filter funétion to remove high frequency error
components in the output of the A/D converter yithout
attenuation of in-band signals. The output of the
signal processor can be at a rﬁuch lower sample rate
than that of the converter if the high frequency
components are removed. This "decimation®™ filter
function is generally performed by FIR filters
because the number of calculations can be reduced to
just calculate output samples at the output sample
rate. Although most systems use a simple averaging
filter to average N, samples and reduce the frequency
by a factor of N, the averaging filter techni'qlie does
not provide adequate attenuation of out-of-band
signals and more complex filters are need‘ec} which
require some multipl ications as well as additions and
a hardware problem is preseﬁted. In accordance with
the present invention the following describes
technigues that use simple, low speed processing to
perform the .complex filtering operations.

The interpolative A/D converter 4illustrated in
Fig. 5 has a limited set of digital codes which are
0, * 00000001, * 00000011, * 00000111, * 00001111,
+ 00011111, + 00111111, + 01111111, and + 11111111 for
a 17 level system. However, these codes are closely

‘related and can be modified slightly to become very

useful for special filter structures. The code
modification involves modifying the DAC in the
encoder so that the least significant bit (LSB) is
doubled and equal to the second bit in value. If
this is done, the actual outputs of the DAC would be
equivalent to the codes 0,+ 000000010, + 000000100,

-+ 000001000, + 000010000, + 000100000, * 001000000,

+ 010000000, and + 100000000. “The logic to convert
the shift register codes to the new digital format is
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shown at 156 in Fig. 17. This new code has the
advantages that (a) each code has a single 1 in it
(or a single 0) and (b) each code is exactly twice
the lower code (except for the code above zero).
5 These features can lead to several unique filter
structures. Although filters are generally
implemented with expensive multipliers and adders,
this filter can be implemented with a simple serial
adder, two shift registers and 8 AND gates as shown
10 in Fig. 17. The coefficient word consisting of 8
bits is loaded from ROM 152 into the shift register
154 and is effectively shifted N bits by the gate
array which taps off one bit of the shift register
dependent on the A/D output code. As the co-
15 efficient is shifted through .register 154, it is
shifted by M places by the gate array 156 and is
added to the previous summation stored in register
158. After M such operations the multiply and
accunulation of that sample is complete (where M = 8
20 bits plus the coefficient width (W) plus any overflow
bits). If the registers are shorter than 8+W the
results are truncated. '
After n such accumulations, the output,
register 158 contains the result y,. The register
25 result is then output and the new sum is begun by
disabling the feedback gate FG for the first
accumulation of a new sample. This simple serial
structure works well if the decimation filter has a
frequency reduction (Fgout/Fin) equal to or |
30 greater than n. However, most general FIR frequency
reduction filters have n greater than Fgoyt/Fip and
each input sample must be part of several output
samples. ~
An example is shown in Fig. 18 where Fjp =
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128kHz, Foyt = 16kHz and n = 23. 1In this.case,
running sums must be kept where S=nFgut/Fin>s
or in this case, R = 3. This system uses 16 bit
shift registers clocked continuously at 2.048MHz and
each summation is completed out-of-phase with the
others at a 48kHz rate so that the total results are
available at 16kHz.

An alternative implementation of this filter
structure can be built using a parallel adder and
multiplexer/shift array. The multiplexer/shift array
allows an input word to be shifted M places. If the
input word is the appropriate coefficient and the
shifter is controlled by the A/D -converter, then the
output ‘of the shift array is equal to the product
ajxi. The shifter output is added to the sum
of the previous values of ajxj until the
required number of samples is summed. As with
the serial adder approach, if n samples are used in
the filter and the sample rate reduction ratio is
R(Fgin/Fout ) each input sample must be part of n/R
summations. Thus, the example used for the serial
approach can also apply fo a parallel approach as
shown in Fig. 19. 1In this case, a parallel
arithmetic logic unit (ALU) and shift array can be
used for other arithmetic processing when not used
for this filter. 1In this example, the processor must
perform three shift and add operations which can be
done in three clock cycles at a 256kHz rate or a
760kHz add rate. If the adder shift structure can .
operate at say 2.048Mhz, only 37.5% of its capacity
is used and it can perform many other mathmatical
operations. . . '

The interpolative A/D conggrter output drives a

shift array which is just an M input multiplexer.
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One bit of the array is illustrated at 156 in Fig. 17
whicﬁ shows that the array can easily be driven by
the code with one in it. A standard multiplexer
could be used if the A/D output is encoded. This can
5 be done using alpriority encoder which decodes the
position of the single 1 and compresses the M bit
code into a code which is logg M bits wide, i.e., a 9
to 15 bit code compresses. into a four bit code.
This compressed code can drive standard multiplexers.
10 Another type of. filter can also be constructed
by recognizing the fact that successive outputs of
the A/D converter are related to each other. If the
present code is known, the previous sample had to be
one-half, twice or the inverse of the present code.
15 for a one comparator system. For a two comparator
system an additional possible state of being equal to
the present code exists. The only exception to this
is the case around zero which can be eliminated by
not allowing a 0 code in the A/D converter (0 is not
20 necessary since it can be represented as an
oscillation between equal, positive and negative
codes) .
Since.there are only a limited number of
possible changes (3 or 4), the previous state can be
25 represented by a 2 bit code where xp-31 = kX, where k
.5, 2 or -1 (for a one comparator system).
Since previous samples can be stored with only 2
bits, a series of samples can be stored or prbcessed
in a simple manner. Two possibilities are to use
30 combinatorial logic or a ROM look-up.
The combinatorial circuit shown in Fig. 20 is
useful for small FIR filters, an example might be a
two to one frequency reductiqp using a double zero

_ filter of the form:
35 | % (1 + 2271+ 272
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Such a filter can be implemented combinatorially by
recognizing that if the present eample is Xp, the
previous sample Xp-1, is ky X, and two samples
ago, X,.ps the value was kjkoXp- | .
The summation is (1+2k +k kp). since ki and kp are
equal to .5, 2 or -1 (for one comparator interpol-
ators) the summation has only 9 possible. results
of which one cannot exist. The final result can be
calculated by using the present value and kj and
ko. The k values are generated by the logic
that controls the shift register and are a two bit
word where one bit jndicates a sign change (if sign
changes, the other bit is’ ignored) and- the other bit
indicates an increase (x2) or decrease (x.5) of the
shift register valve. The combinatorial circuit
requires little storage ‘and is .very fast but is
1imited to very simple filters. The sample value of
zero creates problems because an additional k value
is needed and k products are distorted. The A/D con-
verter therefore does not use 2zero and represents zero
by oscillating between +1 and -1 instead of +1, 0, -1.
However, no performance degradation occurs.

This technique of using k values can -be greatly

expanded using a ROM. A general filter of the form
= 6
Y A0X0+A1X1+Anxn (6)
can be rewritten as:

Y, = X 1A, + K Al + K KlAZ + ... (K Kn 1" K K )é:](7)

“The ROM Can be addressed by the k values and can

store the-summations. The result is then shifted n
places as determined by Xg.

An example of a 5 tap FIR is shown in Fig. 21.
The ROM has only 49 words since only 49 of the 81
combinations (3&) are possiblé. The ROM however, does
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have 8 address lines in and a decoder to reduce the

256 states down to 49. Each word is a combination of
+

Ay + KA+ IGKA) + IGIOK Ay F QKGO A,

For example, if -

K =% Ky =235 Ky =25 and K, +%

1
then the word addressed has the value:

Byt m kA ¥ 20 A,
For negative values of Xg the resultant product
is inverted (for use in 1's complement arithmetic) or
inverted and 1 added (2's complement).

A future refinement of the system can be used

for linear phase: filters where the coefficients are

i .oo ‘A = = - .'h
symetrical, i.e., A0 An, Al An~l and so on The

example in Fig. 22 implements an 8-tap filter by

suaming two halves separately. This is done by

and X such that

storing two values of X, that is, X 5

0

© ¥ = S0 (AD + KA * KA, KKGKIA) X g a0+ /) A+

(/KK A, + (LK) Aﬂ (8)
The logic translator translates the values
(l/K7), (1/K7K6) and (l/K7K6K5)

into a format to use the same ROM as .the first four
coefficents. The ROM for this 8-tap system is kept
to 27 words, the amount of storage is 6K values (12
bits) and 2X values (8 to 10 bits), and an adder 1is
needed to sum the two partial results. However, only
one add is needed to implement this filter.

Although certain embodiments of the present
ipvention have been disclosed above it 1is

contemplated that numerous other alterations,

"modifications and forms of alt2rnative implementations

will become apparent to those skilled in the art. It
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is therefore intended that the appended claims be

‘interpreted as covering all such alterations,
‘modifications and alternative implementations as fall

witin the true spirit and scope of the invention.

i
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CLAIMS

1. Interpolative engoder apparatus comprising:

interpolative analog-to-digital converter means
for converting an input analog signal to a digital
signal including a series of multi-bit binary words
each consisting of all 0's or’a series of one or more
0's and a series of one or more 1's;

logic means for conver ting "each said multi-bit
binary word into anmdified binary word having a new
binary format consisting of elther all 0's or .a
single 1 and a plurallty of 0's such that the value
of each said modified word is equal to the value of

the corresponding multi-bit word converted such that

che least significant bit thereof is doubled and meade

equal to the second bit in value; and
digital filter means for fllterlng said series

" of modified words.

2. Interpolative encoder apparatus as recited
in claim 1 wherein said digital filter means includes

memory means containing a plurality of binary
coefficient words each of which has a value corres-
ponding to a tap coefficient of said filter means,

shift register means for receiving each of said
coefficient words in sequence, said shift register
means being responsive to said modified binary words
and operative to digitally shift each said coefficient
word as required to effect a digital multiplication
operation of said modified word times each of said
coefficient words and to generate product words
corresponding thereto, and ™~

means for accumulatlng the product words of each
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said mutliplication operation to develop a filtered
output signal corresponding to each said multi-bit
binary word. )

3. Interpolative encoder zpparatus as recited
in claim 2 wherein said shift register means includes
a first shift register for receiving each said multi-
bit word and a plurality of AND gates respectively
having one input coupled to parallel outputs of said
first shift register and another input coupled to
said logic means, the outpuES'of said AND gates being
connected to one input of an adder and wherein said
accumulating means includes a second shift register

having a serial input connected to .the output of said

adder and a serial output connected to another input

of said adder, said filtered output signal being
ocbtained at the output of said second shift register.

4, Interpolative encoder apparatus as recited
in rlaim 1 wherein said filter means includes a
plurality of filter circuits connectéd in parallel
with each said filter circuit including

memory means containing a plurality of binary
coefficient words each of which has a,value corres-
pondlng to a tap coefficient of said fllter means,

shift register means for receiving each of said
coefficient words in segquence, said shift register
means being responsive to said modified binary words
and operative to digitally shift each said coefficient
word as required to effect a digital multiplication
operation of said modified word times each of said
coefficient words and to generate prodﬁcts words
corresponding thereto,

means for accumulating the product words of each
said mutliplication operation to develop a filtéréd
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output signal corresponding to each said multi-bit

binary word.

5. Interpolative encoder apparatus as recited
in claim 4 wherein said shift register means includes:
°5 a first shift register for receiving each said
multi-bit word and a plurality of AND gates respec-
tively having one input coupled to parallel outputs
of said first shift register and another input
coupled to said logic means, the outputs of said AND
10 gates being connected to one input of a plurality of
adders and wherein said accumulating means includes a
plurality of second shift registers each having a
serial input connected to the output of one of said
plurality of adders and a serial output connected to
15 another input of each of said plurality of adders,
said filtered output signal being obtained at outputs

of said plurality of second shift registers.

6. Interpolative encoder apparatus as recited
in claim 1 vwherein said filter means includes
20 first accumulator means,
memory means containing a plurality of binary
coefficient words each of which has a value corres-
ponding to a tap coefficient of said filter means,
shift array means for receiving each of said
25 coefficient words in sequence, said shift array
means being responsive to said modified binary words
and operative.to digitally shift each of said, coeffi-
cient word as required to effect a digital multipli-
cation operation of said modified word times each of
30 said coefficient words and to generate product words
corresponding thereto, and 3
arithmetic logic-means having a first input for
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receiving said product words from said shift array

means and a second input coupled to the output of said

first accumulator means, and an output coupled to the

input of said first accumulator means, and

a second accumulator means having its input
coupled to the output of said arithmetic logic means,
the filtered output being available at the output of

said second accumulator means.

7. Interpolative encoder apparatus as.recited
in claim 6 wherein said first accumulator means
includes a plurality of accumulators having inputs
coupled in parallel to the output of said arithmetic
logic means and outputs coupled to respective inputs
of a mutliplexer means, the output of said multiplexer
means being coupled to said second input of said

arithmetic logic means.

8. Interpolative encoder'apparatus as recited

-in claim 1 wherein said digital filter means includes:

- memory means containing a plurality of binary
coefficient words each of which has a value corres-
ponding to a weighted summation of the tap coeffi-
cient of said Ffilter means;

memory addressing means having output terminals
coupled to the address input terminals of said memory
means and input signals provided at input terminals
of said memory addressing means, said input signals
being representative of previous states of said
interpolative’analog—to-digital converter, said second
input signals include a plurality of two-bit codes
each of which represents changes in successive output
states of said interpolativeqanaiog-to—digital

converter;
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shift array means for receiving each of said
coefficient words in sequence, said shift array
means being responsive to said modified binary words

and operative to digitally shift each said coefficient

5 word as required to effect a digital multiplication
operation of said modified word times each of said
coefficient words and to generate product words

corresponding thereto.

9. Interpolative encoder apparatus as recited
10 in claim 8 further including:
an arithmetic logic means having a first input
coupled to the output bﬁ said shift array for summing
a series of results from said shift array; and
a storage register having an input coupled to
15 the output of said arithmetic logic means and an
output ccupled to the second input of .said arith-
metic logic means, said storage register being.

disposed for accumulating intermediate results.

10. 'Interpolative encoder apparatus as recited

20 in claim 1 wherein said filter means includes a
combinatorial logic array having first input signals
derived from said binéry modified words and second
input signals being derived from previous states of

said interpolative analog-to~digital converter, said

25 second input signals include a plurality of two-bit
codes each of which represents changes in successive
output states of said inferpolative analog—-to—-digital

converter.
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