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A NEW AUDIO DIGITAL FILTER WITH COMPENSATION OF PHASE FOR A/D _ D/A CONVERSION

Makoto Yamada and Kentaro Odaka

SONY CORPORATION

ABSTRACT

We have developed a new digital filter for A/D and D/A conversion.

It is designed to compensate for the group delay which occurs when an

analog low-pass filter is used in a digital audio system and to cancel

the phase difference between the left and right channel which is

inevitable when the channels are converted alternately by a single A/D

or D/A converter.

1. INTRODUCTION

In the superior sound produced by the compact disc and the R-DAT

(rotary-head digital audio tape recorder) that has won many converts

from analog audio systems, A/D and D/A conversion plays a crucial role.

A digital filter has been used for oversampling A/D and D/A conversion

systems, but a highly accurate oversampling A/D or D/A converter which

is to be connected to a digital filter is expensive and difficult to

manufacture.

Our solution to this problem is to use a single A/D or D/A converter

with 2-times oversampling. We were particularly concerned with

constructing a digital filter which could be applied to a

high-performance A/D and D/A conversion system but at the same time

would be relatively inexpensive to manufacture. To this end, we

developed a new filter LSI.

2. CONSTRUCTION OF DIGITAL FILTER

2-1. Oversampling A/D and D/A conversion system

A block diagram of an oversampling A/D and D/A conversion system for

an R-DAT is shown in Fig.1. The system consists of a digital filter, a



2-times oversampling A/D converter, a 2-times oversampling D/A

converter, and a simple analog low-pass filter.

In A/D conversion the digital filter is a decimating filter, that

is, it operates as a digital low-pass filter and reduces the output from

the oversampling A/D converter by a half. The digital low-pass filter

removes the frequency components outside the audio band to prevent the

aliasing into the audio band which occurs when the output of the digital

filter is resampled at the system sampling rate. The analog low-pass

filter is needed to remove the frequency components which can't be

removed by the following digital filter and so alias into the audio band

when the analog input is oversampled at 2-times the sampling rate.

In D/A conversion the digital filter is an interpolating filter,

that is, it operates as a digital low-pass filter and interpolates

between the input and the output for 2-times oversampling by the D/A

converter. The digital filter removes the frequency components above the

audio band. The analog low-pass filter is needed to remove the frequency

components which can't be removed by the preceding digital filter.

As the sampling rate of the A/D and the D/A converter is the same,

it is an advantage for a simplified A/D and D/A conversion system if the

hardware of the digital filter in A/D and D/A conversion is almost

interchangeable so that a simple analog low-pass filter can be used for

both A/D and D/A conversion. Furthermore, if a single A/D or D/A

converter can be used to convert the left and right channels

alternately, the oversampling A/D and D/A conversion system will be even

simpler.

In the conversion system two problems which degradate the total

system performance are

(1) Group-delay distortion occurs when an analog low-pass filter

is employed.

(2) Phase difference occurs when a single A/D or D/A converter

is used.

We have solved these problems by using the digital filter described

in the next section.

2-2. FIR filter compensates for group dela_

Although most digital filters are FIR (finite impulse response)

linear-phase filters in order to minimize group-delay distortion,

whether group-delay distortion can be eliminated from A/D and D/A
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conversion depends entirely on the group-delay response in the audio

band of the analog low-pass filter. If an analog filter whose attenuation

needs to be more than 90 dB in the stop band is further required to be

linear-phase, the filter will be complicated. To avoid having to use a

complicated analog filter, we have designed a digital filter which has

asymmetric filter coefficients to compensate for the group delay.

A method of calculating a filter coefficient to compensate for the

group delay is shown in Fig.2. First a symmetric impulse response of an

FIR linear-phase digital filter was produced by the Remez exchange

algorithm. An asymmetric impulse response had the inverse group-delay

response of the analog filter and was multiplied by a window function

(for example, Harming window or Hamming window) to reduce the audio band

ripple. The new impulse response was produced by computing the

convolution between these two impulse responses. Although it had the

magnitude response of the digital filter and the inverse group-delay

response of the analog filter, the magnitude response of the new impulse

response dropped slightly as compared with that of first digital filter

in the audio band because of the magnitude response of the window

function. To compensate for this loss, a symmetric impulse response of

an FIR linear-phase digital filter which has the inverse magnitude

response of the new impulse response in the audio band is again produced

by the Remez exchange alogrithm. And again this symmetric impulse

response and the former asymmetric impulse response are compounded by

computing the convolution. This final impulse response is the asymmetric

filter coefficient which is integral to this conversion system and uses

96 taps in the new LSI.

The frequency response of this filter is shown in Fig.3. When a

square wave is recording and played back through a digital filter and an

analog filter, the square wave response is as in Fig.4.

2-3. FIR filter cancels the phase difference

In an R-DAT system in which the data for the left and right channel

are sampled simultaneously, the A/D and D/A conversion system must be

designed to have no phase difference between channels. To record data

for two channels simultaneously, two A/D or two D/A converters for each

channels or an analog delay circuit (for example, a sample-and-hold

circuit) with a single A/D or D/A converter are needed. Unfortunately

these conversion systems are complicated and expensive. We have designed
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a digital filter which cancels the phase difference which occurs when

the single A/D or D/A converter is used in a simple and inexpensive

conversion system.

When the same signals are entered into the two channels of a single

A/D or D/A converter which are converted in order of the left channel

followed by the right channel the phase difference (the right channel

subtracted from the left channel) becomes, as is shown in Fig.5:

1

GAD= 4--_s : in A/D conversion

1

GDA=-_S: in D/A conversion. (1)

The digital filter has two kinds of coefficients which have almost

the same frequency response. One of the coefficient is N in number and

the other is N-l, as in Fig.5. When the N-1 coefficients are used for

the left channel and the N coefficients are used for the right channel

in A/D conversion, the phase difference caused by the digital filter

becomes:

N-1 N 1

GDF:4fs4rs 4fs (2)

By equation (1),(2), the phase difference in total A/D conversion

becomes:

GAD+GDF=0. (3)
Accordingly, the A/D conversion system has no phase difference.

Similarly in the case of D/A conversion, N coefficients are used for the

left channel and N-1 coefficients are used for the right channel so the

D/A conversion system as a whole has no phase difference.

2-4. IIR filter for reducing dc offset

In recording we have to take into account the dc (direct current)

offset which occurs when the analog input is converted to digital data

by the A/D converter. Because when the output from the A/D converter and

the digital-in are edited together, click noise at the joint caused by

the different dc offsets between the input in playback is occasionally

heard. The digital high-pass filter is designed to reduce dc offset of

the input and consists of an IIR (infinite impulse response) filter, as
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shown in Fig.6. The cut-off frequency is about 0.47 Hz at a sampling

rate of 48 kHz.

3. THE FEATURES OF NEW LSI

A block diagram of CXDl136Q for the digital filter is shown in Fig.7

and the specifications are shown in Table I. The LSI has serial

input/output to interface with LSI's such as CXD1008Q, CXDl146Q, a

2-times oversampling A/D converter, and a 2-times oversampling D/A

converter. The CXD1008Q is an error-correction and interpolation LSI for

an R-DAT and the CXDl146Q is a digital-audio interface LSI for an R-DAT.

The ADDT and the DADT connected to the CXD1008Q are for recording and

playback data; the DIGI and the DIGO connected to the CXDl146Q are for

the digital-in and the digital-out data; the ADC2 is connected to the

A/D converter; the DAC2 is connected to the D/A converter. The LSI

consists of 3 functional blocks: the FIR digital iow-pass filter, the

IIR digital high-pass filter, and the digital volume control. The LSI is

controlled by 3 modes, DA1, DA2, and AD mode. The FIR filter operates as

a decimator in the AD mode and as an interpolator in the DA1 or DA2 mode.

The features of the LSI are as follows.

(1) Digital volume control

The digital volume control controls the level of all output either

from +12_-oodB or 0_-oodB. 64 coefficients are used to step down or up

the value of the data and the minimum step is about 0.5 dB.

(2) Filter coefficients compensate for aperture effect

The LSI has different filter coefficients from those shown in Fig.3.

When these filter coefficients are used in D/A conversion, the loss

caused by aperture effect (the drop in magnitude response caused by the

use of a sample-and-hold circuit in D/A conversion) can be compensated

for in the audio band.

(3) Detection of too-high signal level

This function can detect separately for the left and right channels

whether the signal level is too high. When the digital volume control or
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the analog recording volume is used, it is to easy to set the volume

level to avoid clipping.

4. CONCLUSION

We have developed a new digital filter LSI which has two asymmetric

filter coefficients for the left and right channel. Employing the new

filter and a single A/D D/A converter, we have realized a simplified

2-times oversampling A/D D/A conversion system which has no group-delay

distortion and no phase difference between the two channels. This

conversion system is well-suited for application to a digital audio

recorder.
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Table I Specifications for the CXDl136Q

Structure CMOS

Chip size 6.46mm X 5.60mm

Power supply 4.5v _5.5V

Power consumption 100 mW

Sampling rate (fs) max. 54 kHz

System clock 256fs or 512fs

Audio band ripple _ 0.001 dB

Stop band attenuation >85 dB

Package 60-pin QIP
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Fig.2 Flowchart for Asymmetric Filter Design
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Fig.3 Frequency Response of FIR Filter
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Fig.4 Square Wave Response

Upper trace : Linear-phase digital filter

Lower trace : New digital filter



Fig.5 The Phase Difference between Channels
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Fig,6 IIR Filter
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