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Abstract
In speech signal processing using of filter banks is very important. The critical requirement is the sum of all the frequency
responses of the band-pass filters of the filter bank i.e. composite frequency response be flat with linear phase. This paper deals
with design and implementation of linear-phase FIR digital filters based filter bank flat with flat composite frequency response.
The design is based on special properties of FIR filters by which excellent frequency response can be achieved.
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1. INTRODUCTION

In a variety of speech processing systems filter banks are
used to perform short time spectrum analysis. To cover a
desired portion of the speech band a set of band-pass filters
is designed. By simply adding together the outputs of the
band-pass filters, it is possible to approximate the spectrum
of the input speech signal.

It is possible to characterize the behavior of filter banks by
considering the composite frequency response. Since,
ideally, the combined output should be equal to the input,
then we desire that the composite frequency response have
constant magnitude and linear phase over the desired band
of frequencies. Earlier work emphasizes the relative phases
between channels which is important in achieving a flat
composite frequency response. Using this method excellent
overall response can be obtained for both IIR and FIR
digital filters in filter banks in which the center frequencies
are uniformly spaced. This method is not easily extendable
to non-uniformly spaced filter banks.

2. SPEECH ANALYSIS

Speech signals are basically partitioned into voiced
speech segments and unvoiced speech segment . A voiced
speech segment is also known as pitch of voiced speech. It
has high energy content and is periodic in nature. The
unvoiced part of the speech looks like a random noise
with no periodicity. Some parts of the speech that are
neither voiced nor unvoiced are called transition segments.
The speech can be analysed either by Time domain method
and Frequency domain method.
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Fig: 3. Band Pass Filter Output

4. FILTER BANK DESIGN

To design a filter bank using FIR filters, we must first
determine the range of frequencies to be covered by the
composite response. Let us assume that these are denoted

. T .
omin and emax, where omax < T Now, if there are a

total of Nj filters, we must choose the bandwidths and
center frequencies so that the entire range of frequencies
omin = @ omax is covered. This is depicted in Fig 2.3.1
for the case Ny = 3. This figure shows the ideal responses
for each bandpass filter;
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Fig:4 A typical nonuniform filter bank.

4.1 Design Examples

In this section, we illustrate the use of the principles with
examples of both uniform and non-uniform filter banks. For
all the examples, the sampling rate is assumed to be 8
kHz.

Example 4.1

Suppose that we wish to design a bank of 15 equally
spaced filters that covers the range 200 to 3200Hz. Then we
find that the cutoff frequency for all the low-pass filters
is

f, = =2 = 100Hz

T

(=]

The center frequencies are

fo= “’j = 100(2k+1)Hz k=1,23......... 15.
Table: 4.1 Values of center frequencies
K f 8 0.53125
1 0.09375 9 0.59370
2 0.15625 10 0.65625
3 0.21875 11 0.71875
4 0.28125 12 0.78125
5 0.34375 13 0.84375
6 0.40625 14 0.90625
I 0.46875 15 0.96875

4.1.1 The specifications are,

1. Attenuation= 60dB.

2. Cutoff frequency= 100Hz.

3. The widest transition band that is reasonable is 200
Hz.

Order must N= 150.

Adjacent channels cross at 0.5 amplitude.

Filters will merge together.

The deviation is from unity.

No ok
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Fig: 4.1.2 Composite Frequency Response

Figure 4.1.2 shows the composite response of the filter
bank. Itis clear that the filters merge together very well at
the edges of the frequency bands. Indeed, the deviation
from unity is less than or equal to the peak approximation
error, & =0.001.

Example 4.2

A non-uniform spacing of the filters is often used to
exploit the ear's decreasing frequency resolution with
increasing frequency. Suppose that we wish to cover the
same range 200 to 3200 Hz as in Example 4.1, but we
wish to use only four octave band filters. That is, each
successive filter will have a bandwidth twice the
bandwidth of the previous filter. We find that the lowest
frequency channel has cutoff frequency.

In general, the cutoff frequencies of the prototype low-pass
filters are

fu= == 287, k=1,2,3,4

Table: 4.2 Values of center frequencies
Fc'k

0.03125

0.0625

0.125

0.25

AlWINP|X

4.2.1 The specifications are,

1.  No. of filters=4.

2. Spacing = Twice the bandwidth of the previous
filter.

3. Coverage range = 200 to 3200 Hz.

4.  Order N=150.
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Fig: 4.2.1, 4 Non-uniform FIR Filter Banks for N = 150
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Fig: 4.2.2 Composite Frequency Response

Example 4.3

Suppose that all the parameters remain the same as in
Example 4.2 except that we require narrower transition
regions. This means that a larger value of N is required.
Figure 111.4.1 shows the filter bands corresponding to the

parameters of Example 4.2 except that N =301 and 4; =
0.012082 (transition width is 116 Hz). The sharper
transitions are apparent in Fig. 4.3.1 shows that the
composite response

Volume: 04 Issue: 06 | June-2015, Available @ http://www.ijret.org 250




IJRET: International Journal of Research in Engineering and Technology

elSSN: 2319-1163 | pISSN: 2321-7308

4 Noundorm Fiter Bands for N=301
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Fig: 4.3.1, Four Non-uniform FIR Filter Banks for N = 301
and Composite frequency.

Example 4.4

We have assumed throughout that the transition width was
less than twice the smallest lowpa -ss cutoff frequency. In
our examples, this constraint required that N be at least 150.
In this case, all the parameters were the same as in
Examples 2.2 and 2.3, except in the case of N=101land
4;=0.0362465. The transition width is 348 Hz, which is
much greater than twice the cutoff frequency of the first
low-pass filter. It is clear that reasonable filters are
obtained for the wider bandwidth filters however, the lowest
filter does not attain unity response anywhere in its pass-
band. The preceding examples make it abundantly clear
that, for sufficiently long impulse responses, the composite
filter bank response can be very flat.

4 Nonuniform Fiter Bands for N=1011
I I

Where design techniques for IIR filter banks were
discussed, the best results achieved for the composite
response were approximately 1-dB peak-to-peak ripple for
uniform bandwidths and about 2.5-dB peak-to-peak ripple
for non-uniform bandwidths. This is in contrast to the
results of the examples of this section, where the peak-to-
peak ripple in the composite response was about 0.0274 dB
for all the filter banks independent of how the bandwidths
were chosen. This, together with the precise linear phase
that is easily achieved, makes the FIR filter banks superior
to what can be achieved for IIR filter banks. The price that
is paid for this is that rather large values of N are
required to achieve sharp transitions. However, the values
of N used in the previous examples are certainly not
unreasonable if the filters are implemented by FFT
convolution methods or in special purpose hardware.

5. RESULTS AND DISCUSSION

In this paper totally four filter banks were designed using
FIR filter. One is linearly spaced and remaining three are
non-linearly spaced. These filter banks are tested with some
known signals and monotone signals, such as cosine signals
with certain value of frequencies and also vowels.

When 1000Hz cosine signal is applied to all the filter banks.
The output is obtained in only one filter bank which is
having the bandwidth in the range of 1000Hz (860-1243
Hz). The output can be found by observing the output
signals of all the FIR filter banks. The signal which is
having more periodic as compared to other signals will be
our required output. And in other way is by calculating the
energy of all the filter outputs. The filter output which is
having the higher energy is our required output. Later
monotone signals are applied to filters such as vowels (a, e,
i, 0, u) and calculated the bandwidths of those signals.

5.1 Calculating the Bandwidths of monotone and

vowels signals.

Table 5.1.1 Result obtained when the input to the filter bank
(Linearly spaced filters) is sine signal of different
frequencies.

. SI/No | Input Bands Energy
o ~ Frequency Hz
. 1 100 37-420 0.00028855
d L | | | | | 2 500 457-841 0.00022262
,, 'EVARN £ SR N 3 1000 660-1006 0.00015226
e 4 2000 1847-2213 0.0030
. | =i | 5 3000 2871-3190 | 0.0055
e — — 7 Table 5.1.2 Result obtained when isolated vowels are input
fur 1 to the filter bank.
2 1 SI/No | Vowels of speaker 1 | Bands Energy
il ] 1 A 256-659 | 662.0616
] | | | | ‘ 2 E 37-420 43204873
[} 50 1000 1600 . 2000 200 3000 3600 3 I 256-659 950,5838
Fig: 4.4, Four Non-uniform FIR Filter Banks for N = 101 4 O 37-420 | 2456.2
and Composite frequency. 5 U 37-420 69.7421
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Table 5.1.3 Result obtained when isolated vowels are input

to the filter bank.

SI/No Vowels of | Bands Energy
speaker 2

1 A 660-1006 61.6245

2 E 37-420 80.2513

3 | 37-420 99.8089

4 0 457-841 130.80

5 u 37-420 30.0643

Table 5.1.4 Result obtained when isolated vowels are input

to the filter bank.

SI/No | Vowels of | Bands Energy
speaker 3

1 A 731-1646 104.2574

2 E 731-1646 96.9293

3 | 731-1646 175.4988

4 O 330-932 486.1503

5 u 55-495 26.9864

5.2 Listening sounds of all the FIR filters of the filter bank
when isolated vowels are input it is observed that, Only
filters of lower bands are able to produce the given clear
speech stimuli as output. It means the output speech is same
as the input speech. Whereas in the higher bands the output
does not convey the actual speech. This is true for all higher
band filters. It is because vowels are low pass signals.

6. CONCLUSION

We have discussed a design method for filter banks
composed of linear digital filters. The method exploits the
linear-phase properties obtainable for such filters, as well
as the symmetry of the transition region that results from
the windowing method of design. We summarized this
method of design for the Kaiser window and illustrated the
filter bank design method with several examples. These
examples show the proposed design method has a great
deal of flexibility and that excellent response
characteristics can be achieved.
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