                                                                                                                        Digital Five Band Equaliser with Linear Phase

José Manuel Neto Vieira

                                                                                     Dep. de Electrónica e Telecomunicações da Univ. de Aveiro and INESC, Portugal

Abstract

                                                  A five band digital equaliser with linear phase was implemented in a 24 bit DSP. A

                                       multirate tree filter bank not maximally decimated was used to reduce the required

                                       processing power. Taking advantage of certain filter symmetries and with careful filter

                                       design, a very efficient algorithm was implemented. The frequency resolution of this

                                       equaliser is better than the analogue counterparts, and the listening tests showed good

                                       results.

1  Introduction

                                                  The analogue graphic equalisers are usually made with parallel connected band-pass filters

centred around the control frequencies. The trade off between the central frequency and the

bandwidth, has to be carefully chosen to avoid excess of ripple in the frequency response. Second

order filters are usually used to avoid excess of phase distortion, therefore, the frequency selectivity is

very poor. It is possible to improve the ripple in the frequency response and eliminate the phase

distortion by using linear phase digital FIR filters. Although the phase distortion is not perceived by

the human ear, it is important in stereo image definition. The introduction of digital signal processing

techniques in the HI-FI systems is very pertinent because of the raising market of digital audio

supports as CD

                                                                                                 1
                                                                                                      , DAT

2
, and broadcasting as the DSR

3
 and DAB

4
. Several manufacturers have seen

this market as a potential one and designed low cost DSP with special functions appropriated to

digital audio applications.

                                                  In this paper we describe a five band digital equaliser that solved most of the draw backs of

the analogue counterparts. Therefore we used a multirate filter bank with linear phase frequency

response and a very good frequency selectivity. The penalty to this better performance, is the greater

group delay of this equaliser (40ms), and the cost of the DSP system.

2  System Architecture

                                                  The proposed equaliser could have been done using an architecture similar to the analogues

versions, what is, several linear phase FIR filters connected in parallel. However, as can be easily

verified, the filter size for the lowest frequency band would be prohibitive. A possible solution to

process those large filters could have been the use of special hardware and algorithms which made the

filter processing using circular convolution with FFT and the ^overlap and add~ or the ^overlap and

save~ algorithms[1-2]. To avoid the use of special hardware we had to search for an alternative. Some

works on digital equalisers with multirate filter banks [3-6] and a large number of recent works on

multirate filter banks [7-16], led us to the proposed solution. As can be observed in fig.1, a tree

structured filter bank was used with only three different decimation and interpolation filters. The

analysis filter bank was made of four equal stages that splits the input signal in two bands. The output

of the high-pass filter ( HP 1) becomes in each stage one of the equaliser bands. The lower band is

decimated by three and passed to the next stage. The synthesis filter bank has to recombine the five

1
     Compact Disk.

2
     Digital Audio Tape.

3
     Digital Satellite Radio.

4
     Digital Audio Broadcasting.

bands signals by doing the appropriate interpolation and filtering, to eliminate the imaging effect. The

frequency response of the analysis filter bank ( LP 1 and HP 1) and of the synthesis filter bank ( LP 2) is

shown in fig.2.

                                                  In order to obtain an overall flat frequency response, the filters LP 1 and HP 1 must be

symmetric around the middle of the transition band frequency f

3

 (fig.2), or equivalently the filters

frequency response must satisfy the equation

LP HP

1 1 1

+ =
. If this condition is hold, to avoid

interference in the symmetry of the filters LP 1 and HP 1 the pass-band cut-off frequency
f

2

 of LP2

must be greater or equal to the stop-band cut-off frequency
w

1

 of LP1 .

                                                  As proved in the appendix A it is not possible to do equalisation and maintain the perfect

reconstruction characteristic at the same time with maximally decimated filter banks. We have to use

sub-maximally decimated filter banks where the cut-off frequency of the decimation filter LP1  is

smaller than

                                                                                       f f D

s

                                                                                           1

2

                                                                                                     £
, where D =3 is the decimation factor and f

s

=44,1KHz is the sampling rate.

This frequency can be chosen arbitrarily but the bandwidth of the transition band can only be twice de

space between

                                                                                                  f

                                                                                                       1

                                                                                                               and
f D

s

2
 so that the imaging effect in interpolation filter is avoid.

                                                  To design the filters with an attenuation of 90dB in the rej ection band, we have used an

optimisation program [5] that gives the smaller filter for a given frequency response specification.

                                                  The impulse response of the equaliser is approximately a dirac impulse when all the gains C

i

in the bands are equal. The frequency response and the impulse response of the equaliser for C

i

 =1, is

draw in fig.3 and fig.4 respectively. As can be seen the filters were designed in a way that the ripple

of the overall frequency response is less than 0.2dB. An example of frequency response is given in

fig.5 with the control settings at C

i

=[0; -10; 0; 0; +12]dB.

                                                  The overall delay of the equaliser is give by the expression

Delay

N N D

D

N

LP LP

N

HP

=

-

+

-
æ

è
ç
ö

ø

÷´

-

-

-

-

-

1 2

1

1

1

2

1

2

1

1

1

2

,

where N  is the number of bands of the equaliser N

LP 1

=39, N

LP 2

=51 and N

HP 1

=39 are the size of the

filters LP 1, LP 2 and HP 1 respectively. The total delay with those filter sizes is  40ms. The previous

equation shows one of the maj or drawbacks of this type of structure, that is the delay grows as D

N
. For

a 10 bands equaliser the total delay would be 9,8s.

3  DSP Implementation

                                                  This digital equaliser was implemented on a 24 bit fixed point DSP. This chip has a very good

ratio performance/price but it has limited internal memory resources and a very slow interface with

the external memory. Due to this the delay buffers (see in Fig.1 Delay1-4) had to be stored on the

external memory.

                                                  The overall processing architecture was based in the work of [6], and our specific

implementation for one channel is described in fig.7. In this figure we only show the first two

decimation and interpolation stages from a total of four. The processing is interrupt driven and in each

interruption one or two of the stages is ran. As mentioned before, the LP 1 filter is a mirror version of

the HP 1 filter, so we have

H H

LP HP

1 1

1

= -
, or in the time domain

h n h

N

h n n N

LP HP

HP

HP HP

1 1

1

1 1

1

2

0 1

( ) ( ) ; . .

=

-
æ

è
ç
ö

ø

÷ - = -
.

Using this filter property the overhead to obtain the output of the low-pass filter is minimal (one

addition more), due to this and to simplify the software, the output of LP 1 is evaluated at the same

rate as the high-pass filter and then decimated, see fig.7.

4  Evaluation System and Results

                                                  To evaluate the quality of this equaliser with some listening tests, it was developed another

version of the proposed equaliser on a PC DSP card. A DLL

5
 was build to allow windows programs to

communicate with the DSP, and an user interface was developed to allow an easy control of the

equaliser in real time. The equaliser behaves very well when we move the slider, without any audible

clicks. The frequency selectivity is very sharp and the sound is very good even when we raise very

much a band.

Appendix A

                                                  To verify that it isn´t possible to obtain perfect alias cancellation with maximally decimated

filter banks when we want to equalise a digital signal, we are going to analyse the two band case. The

filter bank in fig.6 splits the input signal X (z) in two and its transfer function is given by the following

equation:

{ }

{ }

T z K z C H z K z C H z X z

K z C H z K z C H z X z

( ) ( ) ( ) ( ) ( ) ( )

( ) ( ) ( ) ( ) ( )

= + +

- + - -

1

2

1

2

1 1 1 2 2 2

1 1 1 2 2 2

(1)

To have alias cancellation the second term of (1) should be zero. This can be achieved if the following

filter relations are verified:

K z H z K z H z H z

1 1 2 2 1

( ) ( ) ( ) ( ) ( )

= = - = - -

. (2)

Then (1) becomes:

{ }

[ ]

{ }

T z C H z C H z X z

C C H z H z X z

( ) ( ) ( ) ( )

( ) ( ) ( )

= - - +

- - -

1

2

1

2

1 1

2

2 1

2

1 2 1 1

. (3)

As we can see, only when

C C

1 2

=

the second term in (3) is zero and the aliasing is perfectly

cancelled, leading to the equation

{ }

T z

C

H z H z X z

( ) ( ) ( ) ( )

= - -

1

1

2

1

2

2

. (4)

The system transfer function T ( z ) would get the form

T z Cz

K
( )

= -

0

, where K

0

 is a constant delay, if

the filters

                                                                  H z

                                                                              1

                                                                                    ( )
                                                                                                           and

H z

2

( )
 are power complementary

H z H z

1

2

2

2

1

( ) ( )

+ =

.

References

[ 1 ] Oppenheim, Alan V., Schafer, W. Ronald, ^Digital Signal Processing~, Prentice-Hall, 1975 N.J.

[ 2 ] Schöpp, Garald and Hetzel, Herbert, "A Linear Phase 512 Band Graphic Equalizer using the Fast

                              Fourrier Transform", AES 96th Convention, March, 1994.

[ 3 ] Adkins, Andrew Zenas, ^An All-Digital Audio Equaliser Design~, Master Thesis, 1989, Univ. of

                              Florida.

[ 4 ] Kraght, Paul H., "A Linear-Phase Digital Equaliser with Cubic- Spline Frequency Response", J .

                              Audio Engineering Society, Vol.40, N.5, pp.403-414, May, 1992.

[ 5 ] Lim, Y. C., "A Digital Filter Bank for Audio Systems", IEEE Transactions on Circuits and

                              Systems, Vol.33, N.8, pp.848-849, August, 1986.

5
     Dynamic Link Library.

[ 6 ] Lian, Yong and Lim, Yong Ching, "Linear-Phase Digital Audio Tone Control Using

                              Multiplication-Free FIR Filter.", J . Audio Engineering Society, Vol.41, N.10, pp.791-794,

                              October, 1993.

[ 7 ] Lim, Yong Ching, "Frequency-Response Masking Approach for the Synthesis of Sharp Linear

                              Phase Digital Filters", IEEE Transactions on Circuits and Systems, N.4, pp.357-364, April, 1986.

[ 8 ] Malvar, Henrique S., ^Signal Processing with Lapped Transforms~, Artech House, 1992.

[ 9 ] Vaidyanathan, P. P., ^ Mutirate Systems and Filter Banks~, Prentice Hall, 1993.

[ 10 ] Crochiere, Ronald E. and Rabiner, Lawrence R., "Optimum FIR Digital Filter Implementations

                              for Decimation, Interpolation, and Narrow-Band Filtering", IEEE Trans. on Acoustics, Speech

                              and Signal Processing, Vol.23, N.5, pp.444-456, October, 1975.

[ 11 ] Fliege, N. J . and Zölzer, U., " Multi-Complementary Filter Bank: A New Concept with Aliasing-

                              Free Subband Signal Processing and Perfect Reconstruction", Signal Processing VI: Theories and

                              Applications, pp.207-210, 1992.

[ 12 ] J ain, Vij ay K. and Crochiere, Ronald, " Quadrature Mirror Filter Design in the Time Domain",

                              IEEE Trans. on Acoustics, Speech and Signal Processing, Vol.32, N.2, pp.353-361, April, 1984.

[ 13 ] Saram�ki, Tapio, "A Class of Linear-Phase Filters for Decimation, Interpolation, and Narrow-

                              Band Filtering", IEEE Trans. on Acoustics, Speech and Signal Processing, Vol.32, N.5, pp.1023-

                              1036, October, 1984.

[ 14 ] Vetterli, Martin, "A Theory of Multirate Filter Banks", IEEE Trans. on Acoustics, Speech and

                              Signal Processing, Vol.35, N.3, pp.356-372, March, 1987.

[ 15 ] Vaidyanathan, P.P., " Quadrature Mirror Filter Banks, M-Band Extensions and Perfect-

                              Reconstruction Techniques", IEEE ASSP Magazine, Vol.4, N.3, pp.7397, July, 1987.

[ 16 ] Yang, Rong-Huan and Liu, Bede, "A New Structure of Sharp Transition FIR Filters Using

                              Frequency-Response Masking", IEEE Transactions on Circuits and Systems, Vol.35, N.8,

                              pp.955-966, August, 1988.

[ 17 ] Kenneth Steiglitz, Thomas W. Parks and J ames F. Kaiser, ^METEOR: A Constrain-Based FIR

                              Filter Design Program~, IEEE Transactions on Signal Processing, vol.40, nº8, pp.1901-1909,

                              (1992 Aug.).

[ 18 ] Ronald E. Crochiere, and Rabiner, Lawrence R., ^Further Considerations in the Design of

                              Decimators and Interpolators~, IEEE Transactions on Acoustics, Speech and Signal Processing,

                              vol.24 nº4, pp.296-311, (1992 Aug.).

[ 19 ] Príncipe, J osé C., member, IEEE, and Smith, J ack R., Senior Member, IEEE, "SAMICOS - A

                              Sleep Analysing Microcomputer System", IEEE Transactions on Biomedical Engineering,

                              Vol.33, N.10, pp.935-941, October, 1986.

Figures

                                                                                              Fig.1 - Block diagram describing the processing done in the proposed equaliser.

                    0 0.5 1 1.5 2 2.5

´
 10

4

             0

    0.2

    0.4

    0.6

    0.8

             1

    1.2

__ HP 1

- -  LP 1

-.   LP 2

Hz

                                                               f

                                                                   4
f

2

= f

1

         Fig.2 - Frequency response of the decimation filter LP 1, the high-pass filter HP 1 and

         the interpolation filter LP 2. T he sampling rate is f

s

=44,1KHz and the decimation

         factor  D =3.

              0 100 200 300 400 500 600

-1

     0

     1

     2

     3

     4

     5

     6

     7

     8

                  ´
                            10

                                              -4

         Fig.3 - Equaliser impulse response when all the gains are equal to one

C

i

=
1

(0dB).

         Note that the vertical axis is scaled to shown the differences to the ideal impulse.

                                         10

                                                           1
10

2
10

3
10

4
10

5

                      -0.2

                      -0.1

                                        0

                           0.1

                           0.2

                           0.3

Hz
dB

                       Fig.4 - Equaliser frequency response when all the gains are equal to one

                          C

                                     i

                                              =
                                                           1
                                                                     (0dB).

                                                      10

                                                                         1

10

2
10

3

10

4
10

5

                                       -
                                            15

                                       -10

                                                -5

                                                     0

                                                     5

                                            10

                                            15

Hz

                 dB

                                      Fig.5 - Equaliser frequency response when the band gains have the following

                                      configuration: C

i

=[0; -10; 0; 0; +12]dB.

                                                                                    H z

                                                                                               1

                                                                                                      ( )
2 C

1

K z

1

( )
2

                                                                                    H z

                                                                                                 2

                                                                                                        ( )
2 C

2

K z

2

( )

2

X(z) Y(z)

Fig.6 - Maximally decimated two band filter bank.

0DLQ� ,QSXW� %XIIHU

  /3�

1
          /3�

                                                                                                                 N
                                                                                                                       LP 1

                                                                                                                 å

                                                                                                                  ’

LP 2

N
LP2

Q Q Q

D

C

1

D

e

l

a

y

1

Q

Q
å

  /3�

                                                                                                         N
                                                                                                                LP 1

                                                                                                          å

                                                                                                             ’

LP 2

N
LP2

Q Q Q

C

2

Q

Q
å

0DLQ�2XWSXW� %XIIHU

D

D

e

l

a

y

2

Q = N

LP2

/ D

1
/3�

1
/3�

1
          /3�

                                                     Fig.7 - Detailed description of system architecture. We can see on the left two of the

                                                     four decimation stages and on the left two of the four interpolation stages.