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ADAPTIVE DIGITAL AUDIO INTERPOLATION
SYSTEM

TECHNICAL FIELD OF THE INVENTION

The adaptive digital audio interpolation system per-
tains to digital interpolators, and more particularly, to a
system performing at increased data sampling rates
without generation or ringing or oscillations at signal
discontinuities otherwise known as Gibbs phenomena.

BACKGROUND OF THE INVENTION

Digital audio is recorded using digital sampling tech-
niques at standard sample rates of 32 KHz, 44.1 KHz, or
48 KHz with maximum recordable frequencies of 16
KHz, 22.050 KHz, and 24 KHz, respectively. These
limitations are known as Nyquist Criterion.

Playback of digital audio recreates the recorded
audio data correctly up to the maximum frequency or
Nyquist rate. In addition, an audio data image is also
created. In a frequency spectrum, this image is the re-
verse of the original audio information offset by half the
sample frequency, see FIG. 3. An increasing audio fre-
quency signal generates decreasing frequency signal
above half the sampling frequency i.e. 2 20 KHz tone
will create an image tone at

44.1 KHz—20 KHz=24.1 KHz,

a 10 KHz tone will create an image tone at:

44.1 KHz—10 KHz=33.1 KHz.

The audio data image produced in playback must be
removed in order to achieve acceptable playback of the
original audio information. With the audio data image
directly above the original audio data information, an
analog filter with high filtering capability is needed to
remove the audio data image. The audio data image can
be shifted in frequency to a frequency span high above
the original aundio information to relax analog image
removal filter requirements.

The audio data image is shifted in frequency by use of
an unsampling interpolation digital filter or multirate
filter. The multirate filter performs interpolation be-
tween data point of the original audio data by increasing
the sampling rate. The increased sampling rate allows
for filtering above the original Nyquist rate.

The multirate filter is required to have a cutoff at the
Nyquist rate and maximum attenuation at the lowest
possible audio data image. Audio material recorded at
44.1 KHz will have a maximum recorded frequency of
22.05 KHz and a minimum possible audio data image of
22.05 KHz. An image removal filter is required to have
a passband of 20 KHz and a stopband of 22.05 KHz,
with an attenuation in the stopband greater than 90 dB.
Use of a digital filter with these specifications and an
ending sampling rate of two time the original sampling
rate (2 Fs) would create a possible minimum audio data
image at

88.2 KHz—22.05 KHz=66.15 KHz.

The audio data image could be shifted to even higher
frequencies of 4 Fs, 8 Fs, 16 Fs, 32 Fs, etc using addi-
tional multirate filtering.

It is however necessary to use multirate filtering at
least at twice the original sample rate, which is the most
critical and demanding filter. At 2 Fs the transition band
is

22.05 KHz—20 KHz=2.5 KHz.

A 4 FS filter which is required to have a 20 KHz pass-
band must filter the audio data image at
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88.2 KHz—22.05 KHz=66.16 KHz,
and has a transition band of 46.15 KHz. The 2 Fs filter
is a factor of 12 worse than the 4 Fs filter. Higher filter
rates have even larger transition bands. The extremely
narrow transition band of the 2 Fs digital filter high-
lights the Gibbs phenomena.

The Gibbs Phenomena is the ringing effect which can
be observed on transient responses of digital filters due
to a finite window of points used to perform the multi-
rate filtering. Gibbs phenomena creates a ringing distor-
tion before and after a sharp transient. FIGS. 12 and 2a
illustrate the effect of the ringing on a short positive
going pulse and on a square wave signal. The pre-ring-
ing distortion is highly audible in music passages and is
the major audio difference between analog processed
playback and digital playback.

DESCRIPTION OF THE INVENTION

A discontinuity detector scans the digital audio data
ahead of the data entering the interpolation filter. If a
transient pulse is detected, output data is taken from the
transient optimized filter rather than from the frequency
optimized filter. No transient detection causes the selec-
tion of the output data from the interpolation filter that
is optimized for frequency response. The change in the
selection of the output data starts well ahead of the time
instant the transition is detected and stays until the win-
dow time is passed during which possible oscillations
caused by a transition may occur. If a transient condi-
tion is detected during the time output data is taken
from the transient optimized response filter, the win-
dow time is restarted.

A frequency optimized filter is designed for best pos-
sible frequency performance, i.e. gain is constant over
frequency and phase is linear over frequency. The Filter
structure is a Finite Impulse Response (FIR) where a
finite limit of coefficients multiplied by a finite window
of data points determines an interpolated point.

A transient optimized filter is designed for best possi-
ble transient performance, i.e. where gain and phase are
most accurate for a transient response and not for the
entire frequency range. Filter structure can be of FIR
architecture or of Infinite Impulse Response (IIR) ar-
chitecture.

The transient detector detects digital data discontinu-
ities by examining the relative acceleration from data
point to data point. Between every successive two data
points, a difference value or delta value is determined
and stored in a storage register. If the latest delta value
multiplied with a scale value a exceeds the preceding
delta value a discontinuity is detected. The use of a
relative measure to detect transients allows for in-
creased discrimination in transient detection at all mag-
nitudes. The scale value « (alpha) is determined by the
largest data point acceleration within the frequency
optimized interpolation filter which does not produce
oscillations. With a set accordingly, the detector will
select output from the transient optimized filter rather
than the frequency optimized filter which is known to
ring for the given data acceleration. Therefore the a-
term is dependent on the performance of the frequency
optimized filter and on the filter sample rate.

The simplest application of discontinuity detection
can be made by setting an absolute delta value that is not
relative to the surrounding data.

FIGS. 1g, 1b, and 24, 2b illustrate the processing of a
short positive signal and a square wave signal in the
interpolation system of the present invention.



5,388,221

3 -
SHORT DESCRIPTION OF THE DRAWINGS

FIGS. 1¢ and 1b are illustrations of a short positive
audio signal processed without and with transient inter-
polation filter.

FIGS. 2¢ and 25 are illustrations of a square wave
audio signal processed without and with transient inter-
polation filter.

FIG. 3 is an illustration of the frequency spectrum of
audio data and image audio data relative to the sampling
frequency.

FIG. 4 is blockdiagram of the adaptive digital audio
interpolator system.

FIG. 5 is an operational flowchart of the adaptive
digital audio interpolator system.

DETAILED DESCRIPTION OF A FIRST
PREFERRED EMBODIMENT

FIG. 4 is a blockdiagram of the adaptive digital audio
interpolator system. Digital audio data arrive on input 1
and are supplied to a storage 2, a delay storage 3 and an
adder 4. Each arriving digital audio value is compared
in adder 4 with the preceding digital audio value stored
in storage 2. The resultant difference represents the
acceleration between the present digital audio value and
the preceding digital audio value. The resultant differ-
ence is stripped of the magnitude sign in block 5. The
unsigned or absolute difference value is stored in stor-
age 7. The unsigned difference value is also scaled in
multiplier 6 by a predetermined value a (alpha). The
scaling factor a determines the level of detection for the
discontinuity detector. The scaled unsigned difference
value is fed into adder 8 and the preceding difference
value taken from storage 7 is subtracted. The resultant
value is compared with zero in a digital comparator 9 to
determine whether the scaled difference value is larger
than the preceding difference value. The output signal
of comparator 9 is the controlling signal for multiplexer
10 for selecting either the digital audio signal from fre-
quency optimized filter 11 or digital audio signal from
transient optimized filter 12. To extend the output signal
of comparator 9 over the time span or window during
which frequency optimized filter may output a ringing
signal window counter 13 is set to a value correspond-
ing to the number of output data values to be selected
from the transient optimized filter.

If a transient condition was detected window time
counter 13 is set to a predetermined value and maintains
the data selection from the transient optimized filter 12
for a number of digital audio data values corresponding
to the predetermined value. This time span expressed in
number of data values corresponds to the filter window
of the frequency optimized interpolation filter during
which ringing and oscillations may occur due to a tran-
sient condition. If during a window time another tran-
sient condition is detected, window counter 13 is reset
and a new window time is started.

The data path from digital audio data input 1 to inter-
polation filters 11 and 12 is delayed in storage 3 by as
many digital audio data values as are needed for the
detector to successfully detect a transient. Frequency
optimized filter 11 can consist of a Finite Impulse Re-
sponse (FIR) filter or any filter structure that achieves
the desired frequency response. Transient response fil-
ter 12 is also designed to a structure that will achieve
the desired transient response. The filter structures may
also utilize filter structures from each other to achieve
the desired responses.
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DESCRIPTION OF A SECOND PREFERRED
EMBODIMENT

While the description of the first preferred embodi-
ment relates to an hardware implementation of the pres-
ent invention, it is possible to use properly operated
signal processors or general purpose data processing
means. In such implementations the storage may be
represented by registers of a processor or part of a mem-
ory while the data manipulations are performed by one
OF MOTe Processors.
FIG. § is a schematic flowchart of a processor per-
forming selectively a frequency or transient optimized
filter operation depending on the received digital audio
data values.
A digital audio data value Vn is received 51 and
stored in a register or the like 52. The received data
value Vn is also subtracted from the preceding digital
audio data value Vn-1 53. The absolute value of the
difference value Dn of the two successive data values
Vn-1 and Vn is stored in another register or memory
location 54. Scaling the absolute difference value |Dn)|
with a value o provides a value Sn 55. Filter selection
signal Tn is generated by subtracting the preceding
difference value [Dn-1| from the present value Sn. If
the result Tn is positive 57 and the window timer is set
to ZERO the frequency optimized filter output is se-
lected to supply processed digital audio signal 62. If the
result Tn is negative 57 the window counter is activated
to a predetermined value 58 and the transient optimized
filter will provide the processed digital audio signal 59.
Each time a digital audio signal is processed, the win-
dow counter is decremented 60. The process of the next
arriving digital audio data value can start. The number
of digital audio signal values selected from the transient
optimized filter depends on the time for which the fre-
quency optimized filter might output a digital audio
signal with a ringing component. As soon as the counter
reaches ZERO and no new transient condition was
detectedk operation returns to selecting the processed
digital audio signal value from the frequency optimized
filter.
It is considered to be within the expected skill of an
artisan in the field of digital audio signal processing to
substitute different processing means for performing the
above disclosed operation, as well as performing some
of the steps in a different sequence or concurrently to
improve speed, performance and reduce cost.
What we claim is:
1. Method for reducing signal distortion in the neigh-
borhood of transitions in a digital audio system having a
digital input signal including successive digital data
values comprising the steps of
entering said digital data values;
storing said digital data values in a first storage for
providing a of said successive digital data values,
and in a second storage for providing a delayed
digital data value for each said digital data value;

subtracting each of said digital data values from the
associated next one of said successive digital data
values, thereby generating successive absolute dif-
ference values;

storing said absolute difference values in a third stor-

age and providing a previous absolute difference
value;

subtracting the stored previously generated one of

said absolute difference values from the present one
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of said absolute difference values and generating a
relative difference value;

determining the sign of said relative difference value

as indicator for the occurrence of one of said transi-
tions, setting a timing counter to a predetermined
value, and starting said timing counter if said sign is
positive;

processing said delayed digital input data values

stored in said second storage in a frequency opti-
mized filter for providing a first processed data
value, and in a transient optimized filter for provid-
ing a second processed data value;

generating a digital audio output signal by selecting

said first processed data value while said counter is
not counting, and selecting said second processed
data value while said counter is counting.

2. Method for reducing signal distortion in the neigh-
borhood of transitions in a digital audio system having a
digital input signal including successive data input val-
ues as claimed in claim 1 comprising the additional step
of multiplying said present absolute difference values
with a scale value.

3. Method for reducing signal distortion in the neigh-
borhood of transitions in a digital audio system having a
digital input signal including successive data input val-
ues as claimed in claim 1 wherein said counter steps
proportionally to the number of said so selected second
processed data values.

4. Method for reducing signal distortion in the neigh-
borhood of transitions in a digital audio system having a
digital input signal including successive data input val-
ues as claimed in claim 3 wherein said predetermined
value corresponds to the number of said first processed
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data values distortable by the occurrence of one of said
transitions.

5. An adaptive digital audio interpolation system
receiving a digital audio input including digital audio
data, and providing an interpolated digital audio output,
said system comprising

a frequency optimized interpolation filter circuit;

a transient optimized interpolation filter circuit;

a transient detection circuit for detecting a transient
by comparing successive ones of said digital audio
data and generating a selection control signal;
said frequency optimized interpolation filter, said

transient optimized interpolation circuit, and said
transient detection circuit receiving said digital
audio input;

an output signal selection circuit connected to said
frequency optimized interpolation filter circuit and
said transient optimized interpolation circuit, re-
ceiving said selection control signal, and providing
said interpolated digital audio output;
said transient detection circuit activating said out-

put selection circuit to provide said interpolated
digital audio output from said tramsient opti-
mized interpolation filter if said transient has
been detected, and to provide said interpolated
digital audio output from said frequency opti-
mized interpolation filter if said transient has not
been detected;

wherein said frequency optimized interpolation filter is

optimized for interpolation over the entire passband of

the digital audio input, and

wherein said transient optimized interpolation filter is

optimized for interpolation beyond said passband of said

digital audio input.
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