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DIGITAL-TO-ANALOG CONVERTEK DIS;fOR1iON COMPENSATION 

This invention relates to apparatus for compensating 
deleterious frequency ·characteristics in digital to analog 

5 converters, DAC's .. 
Digital-to Analog convertors o-,: DAC's convert pulse 

code modulated signals to analog form. Typically the pulse code 
modulated signals are generated by an analog to digital 
conversion process. In such cases the pulse code rilod~lated 

1 0 signals (or binary samples) represent the analog signal at 
respective instances in time, that is each sample is an impulse 
with discrete amplitude. Respective samples should be 
represented by a flat frequency response. · In conversi<?n of the 
binary samples back to the analog domain, digital-to-analog 

1 5 converters produce analog amplitudes representative of the 
binary value, but with respective amplitudes having a duration of 
a sample period. \)'bile originally each sample corresponded to a 
measurement representing an instant in time, at the output of the 
digital-to-analog convertor, each instant is effectively expanded to 

2 0 a duration equal to a sample period. As a consequence of this 
time expansion, the frequency response of the converted analog 
signal is distorted by a sin(1tfT)/7tIT frequency response 

characteristic. This function tends to limit the bandwidth of the 
processed signal, and is attendant digital-to-analog converters of 

2 5 the type which produce output analog amplitude values having a 
duration of a sample period for each binary input value. 

The present invention is directed to compensating the 
sin(1tfT)/7tfT frequency response attendant the output signals from 

a Digital-To-Analog converter in systems consisting of the cascade 
3 0 connection of a digital processor having a. non-uniform frequency 

response h(nT) and a Digital-To-Analog converter. This is 
accomplished by altering the processor to provide a frequency 

.response of h(nT)*g(nT), where h(nT) is the impulse response of 
the processor, g(nT) is the impulse response of the reciprocal of 

3 5 the frequency response of the DA~. and the asterisk represents 
convolution. Alternatively, if the Fourier transform of the 
frequency response of the processor is given by F(ro), and t~e DAC 
exhibits an inherent frequency response S(ro ), then the processor 
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is substituted with one having a irequency response defined by 
the inverse Fourier transform, IF(F(ro)/S(ro))), over the frequency 

band of interest, where IF(argument) designates the inverse 
Fourier transform function. 

Brief Description of the Drawings 
FIGURE 1 is a block diagram of processing apparatus 

incorporating an embodiment of the invention. 
FIGURE 2 is a block diagram of a video ·signal . . . 

1 0 degh~sting apparatus incorporating the invention. 
FIGURE 3 is a block diagram of a portion of a digital 

audio signal processing system embodyfog the invention. 
A first embodiment of ·the invention is illustrated in 

FIGURE 1 in the environment of raster distortion and convergence 
1 5 correction circuitry in a television signal display device. Both 

digital and analog television receivers are subject to raster and 
distortion errors. Horizontal convergence errors and raster 
distortion, such as side pincushion distortion, may be corrected by 
selectively delaying one or more of· the individual color signals in 

2 0 a given· scan line. This delay may be accomplished by clocking 
samples of the signal into a memory device at the input sample 
rate, and· clocking the samples out of the memory with clock 
signals of varying phase to produce incremental sample delays. 
Alternatively, as described in U. S. Patent No. 4,771,334, 

2 5 respective ones of the co~or signals may be effectively selectively 
delayed by interpolating successive signal samples. That is, the 
amplitude values of a number of successive samples are scaled 
and combined in such fashion to generate a sample value having 
an amplitude representing a pixel spatially located between 

3 0 respective ones of the pixels represented by actual sample values. 
Successive interpolated samples are respectively generated by 
different interpolation functions. This is accomplished simply by 
changing ·the scaling coefficients in the interpolator for successive 
sample value computations. Interpolators of this type are in 

3 5 effect· programmable adaptive filters which have a.n impulse 
response hi(nT), where the index i connotes one of many impulse 
responses that the interpolator may be programmed to exhibit. 

------ -----------.... ~--
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FIGURE 1 shows, in block form, an example. of ' 
convergence and distortion circuitry that may be· implemented in 
the blue signal path of a television receiver. Similar circuitry (not 
shown) is incorporated in the red and green signal paths except 

S that the respective interpolating filters in the respective paths are 
programmed to exhibit different signal delays. In this example 
separated analog blue signal .is applied to an analog-to-digital 
converter 51 which develops digital samples representing the 
analog signal. The digital samples are coupled to a· bu~fer memory 

, 1 0 55 such as a first-in-first-out memory (FIFO). Samples in the FIFO 
are supplied to the horizontal interpolating filter 56 as neede_d by 
the filter 56. The interpolating filter 56 generates samples 
corresponding to samples exhibiting more or less delay depending . . 
on the instantaneous location of the current pixel along the 

1 S horizontal scan line. That is, interpolated samples at the 
extremities of the line exhibit relatively large effective delays and 
samples near the center of the line exhibit no delay. The samples 
provided by the interpolating filter 56 are coupled to a DAC 57 
which converts the digital samples to analog form· and applies 

2 0 same to kinescope driver circuitry. 
The interpolating filter 56 is conditioned to provide 

each of the successive interpolation fonctions hi(nT) under the 

control of the control circuitry 53. The control circuitry 53 
includes timing circuitry which is programmed to condition the 

2 5 FIFO 55 to output the appropriate signal samples in accordance 
with respective interpolating functions. In addition it includes 
counting circuitry that is reset to zero by .each horizontal 
synchronizing pulse Hs, and which counts pulses of the sampling 
clock Fs. Respective count values are an indication of the current 

3 0 location along a horizontal scan line. The count values are applied 
as address codes to a coefficient memory 54. The coefficient 
memory is programmed with scaling coefficients used to program 
the interp.olating filter and thereby condition it to exhibit· a · 
particular function hi(nT).. Thus the interpolating filter 56 is 

3 5 reprogrammed every sample interval (though it may b~ 

programmed to perform the same function for a number of 
succes.sive sample intervals, particularly in the center of a line). 
Each function hi(nT) is defined by a set of coefficients· hn ," hi2 .. ··· 
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hin stored in the memory 54. A set of coefficients is provided for 
each address value. 

Desirably the DAC 57 should have a flat frequency 
response over the range of frequencies exhibited by the digital 

5 signal to be converted. In this arrangement however it is known 
a priori that the particular DAC used in the apparatus will distort 
the signal during digital to analog conversion. That is, the DAC has 
an impulse response g(nT) different from unity. The impulse 
response g(nT) is a consequence of at least the sin(l'tfT)htff output 

1 0 characteristic of the DAC, and may include other contributions. To 
compensate the non ideal frequency characteristics of the DAC 55, 
the design of the interpolating filter 56 is modified. Let Hi(ro) 
represent the Fouri~r transform of the nominal impuls~ response 
hi(nT) of the interpolating filter 56, and let G(co) represent the 

1 5 Fourier transform of the impulse response g(nT). The respective 
irnpulse responses hi'(nT) of the modified interpolating filter 

20 

correspond to the inverse· Fourier transform, IF(·), of the ratio of 
Hi(ro) and G(co), or; 

h'(nT) = IF(Hi(ro)/G(co)); or 
hi'(nT) = hi(nT) *g-l(nT) . 

···--· ........ 

where the asterisk designates convolution, and: g-l(nT) is a time 
response function which has an amplitude and :phase· response 
that is the reciprocal of g(nT). 

Thus to compensate for the undesirable roll-off of the 
2 5 DAC, the programm1ng coefficients stored in the coefficient 

memory 54 correspond to the coefficients that define the 
respective impulse responses hi'(nT) rather than hi(nT). Note that 

no extra hardware is required to perform the compensation. 
FIGURE 2 illustrates a further embodiment in the 

3 0 environment of a television signal deghosting apparatus. In 
certain geographical areas broadcast television signals will reflect 
off solid objects, and then recombine with the direct signal. The 
result on demodulation and display of the received signal is the 
occurrence of phantom-like replicas of the transmitted image 

3 5 appearing spatially displaced from the desired or direct image. 
These images may be removed by incorp<;>rating deghosting 
apparatus. 
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In FIGURE 2, transmitted television signals are 
received by an antenna and applied to a tuner and IF circuit 10. 
Signal from the circuitry 10 is applied to a detector 12 which 
develops a analog baseband composite television signal. The 

5 composite signal is coupled to an analog-to digital convertor 14, 
which develops digital representations of the analog composite 
signal. The digital composite ·signal is applied to deghosting 
apparatus including an equalizing filter 15, an analyzer 16 and a 
source of reference values 22. Deghosted signal oritpu~ from the 

I 0 equalizing filter is applied to ~he digital-to-analog convertor 18 
which res~ores the signal to analog form. The deghosted analog 
composite signal is then applied to processing circuitry 20, which 
may be· a conventional television receiver, ·or rebroadc~sting 
apparatus etc .. 

1 5 Deghosting apparatus fall into the class of circuitry 
known as equalizing filters. In a typical equalizing or- deghosting 
implementation, a model of the signal transmission channel is 
determined. An equalizing filter is then configured to render the 
~ransmission channel transparent to the transmitted signal. A 

2 0 detailed explanation of ghost cancelling, using frequency 
transform techniques, may be found in the U.S. Patent No. 
4,897,725 by T. Tanaka etal, entitled "Ghost Cancelling Circuit". 

Assume that ~he broadcast signal contains regularly 
recuri:ing training sign_als which are precisely defined by an 

2 5 impulse response characteristic v(nT), (having a corresponding 
frequency transform V(m)). The received training signal has an 

impulse characteristic x(nT), which is equal to the convolution of 
the function v(nT) with the impulse response characteristic of the 
transmission channel. Upon reception· of a repetition of the 

3 0 training signal, the analyzer 16 isolates and stores it for 
computations. The computations include generating a frequency 
transform, X(ro) of the received training signal. The transform, 
V ( m ), of an uncorrupted training signal is accessed from memory, 
and divided by the transform, X(ro). An inverse transform is 

3 5 performed on the quotient to produce the function .h(nT) which 
defines "the required impulse response of an equalizing filter to 
compensate for distortions (or ghosts) introduced into th_e signal 
by the transmission channel. The analyzer is conditioned to 
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program the equalizing filter to exhibit the impulse response 
h(nT). 

In the FIGURE 2 example, assume that the DAC 18 
exhibits an impulse response g(nT) corresponding to sin(xfT)/xfT 

5 (with a corr~sponding frequency transform G(ro)). The equalizing 

or de ghosting filter 15 can be programmed to correct for both the 
signal distortions incurred in. transmission channel and the signal 
d1.stortion to be incurred by the DAC. This may be accomplished 
by incorporating the transform G(ro) in _the computation of the 

1 0 impul~e response h'(nT) for the equalizing filter 15. There are at 
least two approaches to these computations.G(ro). One is to 
multiply the transform X(ro) by G(ro), and then dividing the 
transform V(ro) by the resulting product. The inverse transform 

h'(nT), of the quotient is the desired composite impulse response 
1 5 for the equalizing filter 15. ·A second approach, which requires 

less computation by the analyzer 16 is to incorporate the 
transform G( ro) within the tr an sf orm of the undistorted training 
signal. That is to utilize a training signal transform V'(ro) given by 
the equation; 

20 v~(ro) =V(ro)/G(ro). 

The function h'(nT) is then generated from the inverse transform 
of the quotient V'(ro)/X(ro). 

In the foregoing examples, the impulse response for 
the programming equalizing filter was calculated in the frequency 

2 5 domain using frequency transforms, for example FAST Fourier 
transforms. It will be appreciated by those skilled in the art of 
adaptive equalizing (or deghosting) filter design, that the impulse 
response h(nT) may be generated in the time domain using 
convolution of the appropriate functions including the impulse 

3 0 response of the received training signal, the impulse of the 
undistorted training signal .. and the impulse response of the DAC. 
A detailed explanation of these techniques may be found in U.S. 
Patent No. 4,864,403 en tided "Adaptive Television Ghost 
Cancellation System Including Filter Circuitry With Non-Integer 

3 5 Sample Delay." 
FIGURE 3 illustrates a third embodiment in the context 

of an ·audio signal processing system. In the figure a portion of 
one channel of a digital stereo audio processor is shown. Similar 
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circuitry . would be implemented for the other stereo channel. 
Element 89 is a. source for providing, for example, the left channel 
digital stereo signal, and may include tuning, demodulating and 
signal. matrixing circuitry. The signal is coupled to the cascade 

5 connection of a volume and balance cfrcuit 92, a treble and bass 
circuit 90, a DAC 93 and an analog low pass filter 95. The volume 
and balan·ce circuit, and the .treble and bass circuit, are both 
controlled via user inputs applied through a user control interface 
91. Assume in this example that the DAC 93 imparts a 

1 0 sin(xfT)/7tfT frequency response characteristic to the signal 
converted. Also assume that the low pass filter should have a 
frequency response B(ro) = L(ro)M(ro), but in fact is limited to the 
frequency response L(ro) . . 

Typically digital treble and bass circuitry are 
1 5 implemented with programmable filters including delay elements 

for concurrently providing a plurality of relatively delayed 
samples, scaling circuits for weighting the plurality of relatively 
delayed samples by selectable weighting factors and summing. 
means for combining the weighted samples to produce the output 

2 0 signal. Each set of weighting coefficients, corresponding to 
respective bass or treble response characteristics, defines an 
~mpulse response hi(nT). Respective sets of coefficients are stored 
in the user interface 91. Responsive to user stimuli a set of 
coefficients is selected by the user according to his listening 

2 5 preference, and applied t~ program the treble and bass circuit 90. 
As in the previous examples, .the undesirable 

frequency response of the DAC 93 may be compensated in the 
circuitry preceding the DAC, i.e., in the programmable filter 
functio·n of the treble and bass circuit. In addition the deficiency 

3 0 of the lowpass filter 95 may also be compensated in the treble 
and bass circuit. This is accomplished by altering the coefficients 
stored in the user interface for programming the treble and bass 
circuit. The stored coefficients will define impulse responses 
h'i(nT). rather than hi(nT)~ where 

3 5 h'i(nT).=hi(nT). *m(nT)*g-l(nT) 
m(nT) is the impulse response corresponding to the deficiency 

M(ro)· in the desired frequency response of the low pass filter 95, 
g-l(nT) is the reciprocal time response of the undesired impulse 
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response of the DAC 93, and the asterisk connotes the convolution 
function. 

-·--·------· -----·---
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CLAIMS: 
1. Signal processing apparatus of the· type including a 

cascade connection· of a digital filter and a digital to analog. 
converter, and wherein said digital filter is incorporated to 
·perform a filter function . defined by the impulse response function 
h(nT), characterized by said apparatus being improved by 
conditioning (53,54) said filter (56) to exhibit an impulse response 
function h'(nT) given by 

h'(nT) =h(nT)* g(nT) 

where g(nT) corresponds to the reciprocal of the time response of 
undesirable frequency characteristics G(co) of said digital to analog 
converter· (57), the asterisk designates convoluiion, n is an index 
integer and T defines .the period between samples applied to said 
digital. to analog converter. 

2. Signal processing apparatus of the type including a 
cascade connection of a digital filter and a digital to analog 
converter, and characterized by said digital filter is incorporated 
to perform a filter function defined by the frequency response 
H( co), said apparatus improved by conditioning· said filter to 
exhibit a frequency response H'(ro) given by 

H'(co) = H(co)/G(ro) 
where G(co) corresponds to undesirable frequency response 
characteristics of said digital to analog convertor and co represents 
frequency in radians. 
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3. The apparatus set· forth in claim 2 characterized in 
that said filter is an equalizing filter having· weighting means for 
rece1vmg a set of weighting coefficients h(nT) corresponding to a 
desired frequency response H(ro) of said equalizing filt~r, and said 

5 apparatus includ.es. further apparatus for adaptively programming 
s~id equalizing filter, comprising: 

a source of reference values V(ro) corresponding to 
frequency transform coefficients of a predetermined reference 
signal; 

l 0 means for receiving a transmitted signal 
corresponding to said predetermined. reference signal, and 
generating coefficients X( co) corresponding to frequency transform 
coefficients of the received signal; . 

a source of frequency transform coefficients G(ro) 
l 5 corresponding to said undesirable frequency characteristics of 

said digital to analog converter; 
means for calculating frequency transform coefficients 

H( ro) according to the formula 
Il(ro)==\T(c.o)/(){(co)G(ro)) 

2 0 and performing the inverse frequency transform of the frequency 
tr an sf orm coefficients II( co) for providing coefficients h(nT); and 

m·eans for applying said coefficients h(nT) to said 
weighting means of said equalizing filter. 

4. The appar~tus set forth in claim 3 characterized in 
that said coefficients G(co) represent the frequency response 
characteristic sin(xfT)htfT. 

· 1111111111111111111 Hll 111111 1ifiimi iif 
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5. The apparatus set forth in claim 2 characterized in 
that said filter is an equalizing filter having weighting means for 
receiving a set of weighting coefficients h(nT) corresponding to a 
desired frequency response H(co) of said equalizing filter, and said 

5 apparatus includes further apparatus for adaptively ·programming 
said equalizing filter, comprising: 

a source of reference values V'(co) corresponding to 

frequency transform coefficients defined by the equation 
V'( co)= V( ro}/G(co) 

10 where V(co) corresponds to frequency transforn:i coefficients of .a 
predetermined reference signal and G( ro) corresponds to 

frequency transform coefficients representing the frequency 
response of the digital to analog converter;· 

means for receiving a transmitted signal 
1 5 corresponding to said predetermined reference signal, and 

generating coefficients X(ro) corresponding to frequency transform 

coefficients of the received signal; 
means for calculating frequency transform coefficients 

H(ro) according to the equation 
2 0 H(ro)=V'(ro)/X(ro) 

25 

and performing the inverse frequency transform of the frequency 
transform coefficients H(ro) for providing coefficients h(nT); and 

means for applying said coefficients h(nT) to said 
weighting means of said equalizing filter .. 

6. The apparatus set forth in claim 5 characterized in 
that said coefficients G(ro) represent the frequency respons~ 

characteristic sin(xfT)/xfT. 

----- -------------------- ---
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7. The apparatus set forth in claim 2 characterized in 
that said filter is a programmable interpolating filter includi.ng 
means for weighting a plurality of successive signal samples by a 
like plurality of respective weighting factors and forming 

5 respective sums of. said pluralities of delayed and weighted signal 
samples; further including means for providing sets of weighting 
factors to said means for weighting, each set defining a function 
H\(co); and means for successively selecting ones of said sets of 
weighting factors; and, wherein each function H'i(co) is determined 

1 0 according to the relation; 

15 

H' i( co ):;;Hi( co )/G( co) 

where .Hi(co) is one of a plurality of desired interpolation functions 
and G( co) is an undesired frequency characteristic of said digital to 
analog converter. 

8. The apparatus set· forth in claim. 7 characterized m 
that G(co) represents the frequency response characteristic 
sin( 1tfT)/1tfT. 

- ----- ---- - ------ -- --- -----
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9. The apparatus set forth in claim 2 characterized in 
that said filter is an equalizing filter having weighting means for 
rece1vmg a set of weighting coefficients h(nT) corresponding to a 
desired frequency response H(ro) of said equalizing filter, and said 

5 apparatus includes. further apparatus for adaptively programming 
said equalizing filter, co~prising: 

a source of reference values v(nT) corresponding to 
successive samples of a predetermined reference signal; 

means for receiving a trans~itted signal 
1 0 corresponding to said predetermined reference signal, and 

repres~nted by successive sample values x(nT); 
a source of values g(nT) corresponding to the impulse 

response characteristics of said digital to analog converter; 
means for calculating weighting coefficients h(nT) 

1 5 according to the formula 
h(nT)=v(nT)*x-l(nT)*g-l(nT) 

where the asterisk connotes the convolution function, and g-l(nT) 
and ·x-l(nT) are functions having amplitude and phase responses 
that are the reciprocals of g(nT) and x(nT) respectively; and 

2 0 means for applying said ~oefficients h(nT) to said 
weighting means of said equalizing filter. 

10. The apparatus set forth in claim 9 characterized in 
that the values g(nT) represent the frequency response 
characteristic sin(xfT)/7tfT. 
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