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ABSTRACT

Reducing complexity of FIR filters using narrowband filters
presents a practically efficient Narrowband FIR Filter
designed by using Frequency Response Masking Technique &
the Interpolated FIR technique. The Proposed method
cascades the interpolated filter with masking filter. By giving
the filter design coefficients (filter characteristics) we can
determine the filters interpolated magnitude coefficients. &
then this is given to Narrowband Filter will get the impulse
response with less number of taps. At the last step we can
remove the unwanted part by using the masking filter.

LabVIEW software is used to implement the reduced
complexity FIR filter using narrowband filter. It was shown
that the resulting filter is practically efficient and also the
errors in human Audiogram are minimized.

General Terms
Sampling Frequency, Ripple Factor, Attenuation, Pass-band,
Stop-band.

Keywords
Narrowband FIR Filter, Frequency Response Masking
Technique, Interpolated FIR Technique

1. INTRODUCTION
The order of FIR filter is relatively inversely proportional to
the transition bandwidth [1].

Number of Taps Tp = f5/Af 1)
fs = 2 * fmax; if N is odd
= 2 * fmax + Af; if Nis even )

Where “f” is sampling frequency & “Af” is Transition
Bandwidth [1].Conventional FIR filters with narrow transition
bands and high orders might be too complex to implement.
We might consider designing narrowband filters using the IR
filters. However narrowband IIR filters typically have
nonlinear phase especially near the transition band and are
numerically sensitive.

Conventional FIR filters with narrow transition bands and
high orders might be too complex to implement. We might
consider designing narrowband filters using the IIR filters.
However narrowband IIR filters typically have nonlinear
phase especially near the transition band and are numerically
sensitive, therefore the narrowband FIR filter is used.

While modeling Human Audiogram of arbitrary magnitude
characteristics, 11-samples 8-samples & 6-samples are
considered in the range 125 to 8 kHz. If we increase the
number of samples then we will get the magnitude errors
between designed FIR filter & Human Audiograms are very
less [16]. That means by increasing number of samples the
designed FIR filter can be matched with Human Audiogram.
But that becomes practically inefficient as number of taps
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required for designing the filter also increases and due to this
the cost & complexity of filter increases.

Thus to reduce complexity without increasing magnitude
errors, the DFD Narrowband Filter Design Virtual Instrument
is used. This VI uses the interpolated FIR techniques &
Frequency Response Masking Technique to design
narrowband FIR filters with significantly less computational
complexity than conventional FIR solutions.
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Fig.1 Frequency Response of Low Complexity Filters[14]

The next section reviews the Interpolated FIR technique [14].
In section 3 Frequency Response Masking techniques [12] has
explained. The proposed method is described in section 4.
Section 5 explains the LabVIEW implementation of the
proposed method. Section 6 describes the comparison
between conventional filter and narrowband filter. The results
are shown in section 7. Section 8 presents the conclusion of
the paper.

2. INTERPOLATED FIR FILTER
COEFFICIENT TECHNIQUE

The interpolated FIR filter coefficients are constructed by
inserting N-1 zeros between adjacent coefficients of model
filter. The model filter has a wider transition band than the
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target narrowband filter and determines the spectrum shape of
the target narrowband filter [14].

The Frequency response of low complexity filters is as shown
in Fig.1

3. FREQUENCY RESPONSE MASKING
TECHNIQUE

To remove the unwanted images at higher frequencies the
FRM filter is need to be cascaded to IFIR Filter [14]. A
Masking filter is designed in such a way that it is able to
remove the pass band at higher frequencies. For the human
audiogram the pass band is at 125 Hz to 8 KHz, so the pass
band at higher frequencies are removed.

4. PROPOSED METHOD

Figure 2 shows the diagram of proposed method. The first
step is to take in the filter characteristics i.e. sampling
frequency, ripple, attenuation, pass-band, stop-band of the
required filter.

The second step is to determine the interpolated magnitude
coefficients by using the filter characteristics which is input to
the Interpolated FIR VI. Here in the interpolated filter
coefficients we get the model filter and image suppressor
coefficients.

ripple: rp
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Fig.2 Proposed Method of Target Narrowband Filter

In the third step the narrowband FIR filter is designed using
the interpolated filter coefficients. And at the output the
frequency response of narrowband filter can be obtained.

In the last step we can apply the appropriate limits to the
frequency response of narrowband filter by using masking
filter and the required frequency response is obtained.
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Fig.3 Interpolated FIR Filter

5. LABVIEW IMPLEMENTATION OF
THE FILTERS

The virtual instrument (V1) to generate the interpolated filter
coefficients is shown in figure 3. Here the IFIR tool is used to
generate the interpolated filter coefficients. The filter
characteristics i.e. pass band, stop band, attenuation, ripple
factor are needed to get the required interpolated filter
coefficients. At the output the corresponding frequency
response is compressed N times called as model filter. Where

N is interpolation factor. By using the model filter & image
suppressor coefficients the size of interpolated filter can be
obtained from the following formula

Size of IFIR filter = Size of model filter + Size of image
suppressor

The next step is to filter out the interpolated frequencies; here
we use the narrowband FIR filter. The VI to implement the
narrowband FIR filter is shown in Fig.4. The N-1 zeros are
padded between two adjacent coefficients of model filter.
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Fig.4 DFD Narrowband Filter Design VI

Here the frequency response is N times narrower and the N-1
image frequency responses are produced (unwanted
spectrum). At the output we get the frequency response of
narrowband FIR filter but it contains the frequency response
at higher frequency also.

Therefore the next step is required i.e. Masking Filter. The
masking filter is used to remove the unwanted images at
higher frequencies and low frequencies both. The VI to
implement masking filter is shown in Fig.4.

In this paper we are analyzing only the human audiogram, so
we require frequency between 125 Hz to 8 KHz. Therefore it
is needed to design the filter by giving appropriate limits. At
the output we get the required frequency response only. And
the response at higher frequencies is masked.

6. COMPARISON OF NARROWBAND
FILTER AND CONVENTIONAL FIR
FILTER

To implement the FIR filter that matches the human
audiogram, we require the FIR filter with increased number of
samples. The conventional FIR filter with increased number
of samples has very less magnitude errors as compared to
human audiogram; i.e. completely matches the response of
human audiogram. But as we increase number of samples the
coefficients and also the number of taps of filter increases. As
a result of this hardware & complexity of filter increases and
that becomes practically inefficient to implement.

If Narrowband FIR Filter is considered for modeling human
audiogram, the required response can be obtained at lower
cost and complexity. Because here Narrowband filter design
VI that uses interpolated FIR techniques and Frequency
As shown in Table 1. the conventional method requires more
number of taps than the interpolation method. Therefore the
hardware cost and complexity of the filter is reduced. And

response masking technique is used to design narrowband
filter.

7. RESULTS

The magnitude response of the narrowband FIR filter is
shown in Figure 6. Here we get the very less magnitude errors
of resulting filter as compares to human audiogram. That
means the designed filter matches the human audiogram with
less computational complexity.

The frequency response of masking filter is shown in Figure
7. In this figure the response of narrowband filter can be
obtained as per the requirement. Here the upper and lower
limits are applied and the higher frequencies are masked & the
lower frequencies are passed.
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Fig.5 Masking Filter

also the magnitude errors and spread of filter coefficients are
also reduced.
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Figure 6.Magnitude Response of Narrowband FIR Filter
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Fig. 7 Tested Signals Using Masking Filter

Table 1. Taps required for different number of samples
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Number | Number Of _Taps by Number of Taps by
of Conventional Interpolation method
Samples method P
20 74 26
samples
15 57 21
samples
1 41 17
samples
8 29 14
samples
6 12 11
samples

8. CONCLUSION

This paper presents a practically efficient Narrowband FIR
Filter that analyses the human audiogram. The Proposed
method uses the narrowband filter cascaded to the masking
filter. Narrowband filter uses the interpolated FIR technique.
Therefore we can analyze large band of frequencies and then
the output response of narrowband FIR filter is masked using
the masking filter as per requirement.
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The human audiogram designed using conventional filter has
some magnitude errors of matching. These errors can be
minimized by increasing number of samples, but that becomes
practically inefficient. Here it has designed the filter with
reduced number of taps. Therefore the magnitude errors are
minimized without increasing hardware cost and complexity
of filter.
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