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ABSTRACT

Joseph X. Rodrigues, “Digital Signal Processing for Biomedical Applications (Synthesis of
Sharp Transition Linear Phase FIR Digital Filters)”, Ph.D. Thesis, Electronics, Goa University,
2005. Guide: Dr K. R. Pai.

A novel technique for the synthesis of linear phase, sharp transition, lowpass,
bandpass and multiband FIR filters are proposed in this thesis. The filters designed lay
stress on achieving a sharp transition with low passband ripple and good stopband
attenuation with least filter order. The filter models are formulated with sinusoidal
functions of frequency, making it convenient to evaluate the impulse response coefficients
in closed form. Various lowpass filter models formulated are nonmonotonic, monotonic,
equiripple, equiripple with linear transition and equiripple with variable density ripple
cycles. Transfer function of the filter is evolved in frequency and time domain. Sharp
transition FIR filters produce oscillations in the frequency response near the edge of the
passband, a trait described as Gibb’s phenomenon. The filter models proposed achieve a
tradeoff between the transition bandwidth and the Gibb’s phenomenon. In the proposed
technique, the slopes of the pseudo-magnitude response function, at the edges of the
transition region are matched which makes the function of frequency continuous between a
pair of adjoining regions defined by the filter model equations. This approach minimizes
the effects due to Gibb’s phenomenon thereby reducing ripples at the edges of the
transition region of the filter and thus decreases peak passband ripple and improves
stopband attenuation of the filter. The peak passband ripple in conventional FIR filter
designs is about 18% which is reduced to around 2% in the proposed design by using
trigonometric functions to model the frequency response and employing slope equalization
technique. The synthesized filters prove to be a good alternative to filters in the same class
reported in the literature with added advantage of simplicity in design, sharp transition, no
filter optimizations, ease of computation of the impulse response and low arithmetic
complexity. The accuracy of the filter approximation can be improved by including a

larger number of terms in the impulse response sequence.



Linear phase, sharp transition FIR bandpass filter models and design with slope
equalization technique are proposed. This approach is a direct one which does not require
design of component lowpass and highpass filters to realize bandpass filters as required in
many realization schemes in literature. The proposed filter models are also formulated with
sinusoidal functions of frequency. The design is adaptable to any change in the center
frequency and passband width of the desired bandpass filter. Another bandpass filter model
with variable density of ripple cycles in passband and stopband is proposed which reduces
Gibb’s phenomenon further. This approach can be extended to sharp cutoff bandstop and
multiband filters with arbitrary passband width and center frequency.

A Modified Frequency Response Masking (MFRM) technique is proposed for the
synthesis of linear phase, sharp transition and low arithmetic complexity FIR filters. This
approach employs the proposed lowpass and bandpass filters as subfilters in the MFRM
approach and possesses closed form expressions for impulse response coefficients for
subfilters and the final MFRM filter unlike the FRM approach.

A speech processing scheme is implemented to reduce the éffect of spectral
masking in sensorineural hearing impaired and hence to improve speech perception. The
proposed linear phase, sharp transition FIR multiband filters are used in speech processing
scheme which split the speech spectrum into complementary short time spectral bands
based on Zwicker’s critical band model. The frequency components that are likely.to get
masked are separated and presented to different ears for binaural dichotic presentation. The
multiband filters possesses large stopband attenuation which aids in better band separation,
sharp transition that leads to proper separation of formants to be fed to the ears and low
passband loss that prevents deterioration of processed speech quality. All these features
when combined lead to improvement in speech recognition for bilateral sensorineural
hearing impaired as observed in an experimental study conducted. The proposed multiband
filter also reduces arithmetic hardware required for filter realization and hence could be

suitable for VLSI implementation of the speech processing scheme in a digital hearing aid.
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Chapter 1

INTRODUCTION

1.1 Problem overview

The signal processing in general and digital signal processing in particular, finds a
plethora of applications in the field of biomedical engineering. The application intended in this
thesis is related in broader terms, to the field of medical prosthesis, the prosthetic device being
a digital hearing aid. The research work reported in this thesis addresses a particular hearing
impairment called sensorineural hearing impairment [1], [2] and FIR filters for speech
processing scheme in a digital hearing aid.

Sensorineural hearing impairment is characterized by marked distortions or
abnormalities in sound perception. Its major causes are the damaged hair cells in the cochlea
and/or degeneration of auditory nerve fibers of the ear. The result is increased spectral
masking, which in turn causes severe smearing of the spectral envelope of speech signals. The
smearing is equivalent to artificially widening of auditory filters. The debilitating effects of
this impairment are high frequency hearing loss, increase in the threshold of hearing,
compression in the dynamic range, severity of temporal masking and loss of spectral
resolution due to spread of masking.

A proven speech processing scheme, that improves the speech perception among the
persons suffering from the sensorineural hearing impairment, consists of splitting the speech
spectrum into different frequency bands based on a critical band (auditory filter) model
proposed by Zwicker [3]. The splitting of speech spectrum is obviously carried out by means

of a set of two filter banks generating a pair of complementary spectra. Each of these spectra is



separately presented to left and right ear. This is known as binaural dichotic presentation [1],
which helps in reducing the effect of spectral masking and is likely to improve speech
perception in cases of bilateral sensorineural hearing impaired persons. Numerous studies
were undertaken to verify the concept of critical bands and the concept is extended to other
aspects of auditory perception and the frequency resolving capabilities of the human auditory
system. The subdivision of the speech signal spectrum into critical bands seems to be
correlated very closely to the cochlear mechanics and to frequency discrimination [4].
Zwicker’s critical band model was the first comprehensive model of its type and has been used
by many researchers. Studebaker et. al. [S] have proposed a model, which shows improvelﬁent
in intelligibility at lower cutoff frequencies. These critical band models point to the need of
synthesizing a multiband filter consisting of several pass and stopbands with near to ideal
frequency responses in each constituent band.

Several speech processing schemes for improving speech perception in sensorineural
hearing impaired are reported in literature. Lunner et. al. [1] implemented an eight channel
signal processing system using TMS320C25 processor for a hearing aid. The filter bank in this
scheme consisted of linear phase FIR filters with equal bandwidth of approximately 700 Hz
and 40 dB stopband attenuation. For frequehcy response adjustments, the gain in each filter
band is set individually to fit the hearing aid user. In listening tests with subjects having
bilateral hearing loss, improvement in recognition score was obtained for dichotic over diotic
presentation i.e. without splitting of the speech spectrum.

The hardware realization of the critical-band filter banks reported in the litérature [6]
uses lowpass, bandpass and highpass filter sections in cascade. However, the passband ripple

of these filters is appreciable and band separation is not adequate due to less stopband



attenuation. In addition the filter transition is not sharp. As a result, the ability of the ear to
binaurally receive and perceptually combine the dichotically presented speech signal is greatly
curtailed. In the case of filters with finite crossovers in magnitude response, i.e. less steeper
skirts in the transition region, there is an increased possibility of the spectral components
belonging to crossover region being presented to both the ears. This causes an imbalance in
loudness perceived at the crossovers between adjacent bands degrading the speech
intelligibility.

With sharp transition filters, there is reduced possibility of spectral components
presented to both ears at the transition region. Hence imbalance in loudness perceived at the
crossovers between adjacent bands will reduce which increases speech intelligibility with
sharp transition filters. Several methods have been proposed in the literature for the synthesis
of FIR linear phase, sharp transition digital filters. Linear phase FIR digital filters have many
advantages in speech processing applications sucil as guaranteed stability, negligible phase
distortion and low coefficient sensitivity. A serious disadvantage of FIR ﬁlfers is its
complexity, which becomes acute in sharp transition filters. One of the most successful
techniques for the synthesis of very Darrow transition width, linear phase FIR filters is the
frequency response masking (FRM) technique [7]. The FRM technique can be used for
implementing sharp transition filters with arbitrary bandwidth with the resulting FRM filter
has very sparse coefficients.

In the FRM techniques, closed form expressions for impulse response coefficients are
not obtained. The subfilters in this technique are optimized to obtain final FRM filter. For a
given frequency response specification its effective filter length including both zero and non-

zero coefficient and delays required are longer than the infinite word length optimum minimax



filter. Resulting higher group delay is undesirable, particularly in speech processing
applications. FRM is a graphical approach and transfer function for subfilters and the FRM

filter are not evolved in frequency and time domain.

1.2 Research Objectives
The objective of the résearch is to synthesize narrow transition bandwidth, linear
phase, FIR filters with multiple passbands of arbitrary width in the light of the literature cited
above. Further, the synthesized filters were required to possess following desirable features:
e sharp transition with low passband ripple and large stopband attenuation.
o awell behaved function to model filter frequency response.
o closed form expressions for impulse response coefficients.
¢ impulse response coefficients related to transition width.
¢ finite transition width and well defined transition region unlike that of the conventional
designs.
e asimple design procedure without optimizations involving less complex computations.
¢ asynthesis procedure without subfilters and their optimizations unlike FRM technique.

o design that is independent of center frequency and passband width for a bandpass/
multiband filter.

1.3 Proposed FIR filter design

In pursuant to the stated objective, the method of filter synthesis proposed by us is as
follows. The synthesis can be thought of as an extension of tﬁe classical methods reviewed in
Appendix Al.1.In addition, a line of syntﬁesis that also uses FRM technique is given. Several

design procedures, each differing from the other in the formulation of pseudo-magnitude



response, for synthesizing low pass filters are presented. These are followed by the synthesis
of band-pass filters with sharp transition, arbitrary passband width and center frequency. Each

filter is specified by passband rippled ,, stopband attenuationd,, passband frequency o, (not
the same as the cut-off frequency o, as defined in classical filter theory), the transition
bandwidth (&, —w.) where o, is the stopband frequency and @, is the cut-off frequency. In
the case of bandpass filter, ®, the center frequency is specified additionally. The specification
of the transition bandwidth (o, -@c)and its use in determining pseudo-magnitude in

transition region is unique to the synthesis presented here. Hitherto, the transition region was
treated as a “don’t care region” and no attention was paid to the shape of its response in the
methods of synthesis reported in literature.

The salient points of our synthesis are given below:
o The entire range [0, n] of the frequency variable ® is split into three regions, namely
pass-band, transition-band and stop-band. Each region of the pseudo-magnitude

response is defined in terms of a cosine/sine function of ®, confirming to the filter

specifications.

e The pseudo-magnitude response function is assumed to be of the form given by (A

1.6a) and (A 1.6b) for N odd and N even respectively.
e Applying cosine transformation [11] to the pseudo-magnitude function H,(w) in (A

1.6a) and (A 1.6b), we obtain the impulse response sequence as

h(n)=%[”jH,(m) cos ko dm] (L1
0



where n=0, 1,...... , -122;1— forNodd,

N-1

n=0,1,...... ,I—;-—lforNeven and k= -n.
The integral in (1.1) is similar to the inverse Fourier transform integral. The impulse-

response sequence is extracted from (A1.6a) and (A1.6b) using the orthogonal property

of the cosine/sine functions.
Three parameters kp,kt and k; are used in the sine/cosine functions defining the

passband, transition band and stopband respectively. These parameters control the

shape of the pseudo-magnitude function H, () in the three regions referred to above.

In our synthesis, the desired response H, (a)) is not the ideal lowpass/bandpass

response. The ideal (brick-wall) response is convenient to obtain the impulse response
using inverse Fourier transform [8)]. Instead, we formulate the desired response in
terms of sine/cosine functions in pass, transition and stop bands which simplifies the
evaluation of impulse-response sequence h(n) greatly. A closed form expression is

obtained for h(n) in terms of filter design parameters k,,k,,ksand filters
specifications @, , (0; —oc),8,and §;.

Ideal lowpass response with infinite slope at cut-off cannot be synthesized accurately
in practice by finite physical functions. In our formulation of H,(®) “well behaved”
i.e. sine/cosine functions that are continuous and that possess continuous derivatives of
all orders are used.

The “well behaved” functions used in the formulation also reduce the ripples in H,(®)

that result from the “truncation” due to Gibb’s phenomenon as in (A1.2). However



there is a small amount of <“discontinuity” present at the boundaries of
passband/transition band and transition/stopband regions. This residual discontinuity is
removed by “slope-matching” i.e. equalizing slopes of pseudo-magnitude response on
either side of the discontinuities. This will reduce the ripples due the Gibb’s

phenomenon further.

Narrow transition band is realized by having a large slope at cut-off or at ® =@, the

passband frequency, either by a large value of parameter k,, or by having an

equiripple passband and an equiripple stopband as in the case of the optimal filter [8].

Additionally, the stopband ripples are allowed to have negative values.

A lowpass /bandpass filter synthesis is carried out using two values of parameter k,,
one giving a smaller frequency of ripples around the frequencies =0 and the other
giving a larger ripple frequency around the passband edge @, - Similarly two values of
the parameter k, are used the one giving smaller ripple frequency is used closer to
o =7 and the other giving larger ripple frequency is used near @ = @, . This technique

combined with the “matching of slopes” is found to reduce the ripples due to Gibb’s
phenomenon further.
A linear transition region of constant slope is assumed in the formulation of the

pseudo-magnitude response, which greatly simplifies the synthesis.

In summary, the filters proposed by us

do not possess a flat passband or stopband which is not realizable in practice.
do not have finite sized discontinuities except in cases without “slope matching”.

do not have an infinite cut-off slope at band-edges.



have finite width transition region.

have considerably reduced band-edge ripple due to Gibb’s phenomenon.

have closed form expression for impulse-response sequence.

require a considerably simplified synthesis procedure that requires less algebraic
computation involving trigonometric functions and also filter of less order ( truncated

impulse response sequence) to obtain a close degree of matching with the desired

response.

An alternative interpretation of the truncation process that yields linear phase FIR filter

in the window design is given in Appendix A1.2. With reference to the Appendix Al1.2, we

can say that the main planks on which our synthesis rests are the following:

Deriving closed form expression for the impulse response sequence by formulating a
pseudo-magnitude response that is practically realizable as in (1.1), unlike the ‘brick
wall’ response.

Using a large number of these impulse response coefficients obtéining an
approximation that approaches the desired response by proposed ‘truncation’ explained
in Appendix A1.2 and

Design does not involve any optimization steps and the computations are simpler than
reported in the literature.

In the window design, the cut-off amplitude is 6 dB, which is fixed independent of

filter length N which is a serious disadvantage. This limitation is overcome in the proposed

synthesis wherein, the cutoff amplitude is adjusted to within £ 0.1dB or 0.2dB. In FRM, the

synthesis involves four subfilters. The model and mask filters should be individually

synthesized and optimized which requires several cycles of computation. In frequency



sampling techniques, the desired response is the ideal response having the limitations referred
to above. The technique also requires a large number of samples for accurate interpolation and
does not yield a closed form expression for impulse response sequence. It requires
computation of IDFT followed by DFT requiring large number of computations than that of
our proposed design method. The optimal filter design requires computation of error function
and its maximum in the range [0,n]. The optimization which minimizes this maximum error
i.e. chebyshev criterion require several computations. The response obtained is not unique and
depends on the initial response used and number of computations are large. A closed form
expression for impulse-response sequence is not obtained. In optimal response, ideal lowpass

response is assumed having the limitations enumerated above.

1.4 Organization of the thesis

The thesis is di{'ided into six chapters. In chapter one, problem overview, research
objectives and the proposed FIR filter design is given. Chapter two, gives a brief literature
survey on sharp transition FIR filters, their features and problems encountered in
implementation. Proposed slope equalization technique to reduce Gibb’s phenomenon in sharp
transition FIR filter is explained. Various lowpass, linear phase, sharp transition, digital filter
models are formulated and their designs are proposed. Different lowpass filter models are
formulated namely, nonmonotonic, monotonic, equiripple, equiripple with linear transition
and finally filter model with equiripple response, linear transition with variable ripplé density.
Expressions for filter model parameters and impulse response coefficients are derived and
coefficients of the filters obtained. Results of the various filter designs are tabulated and

comparisons made between various models developed with conventional FIR filter design.



Chapter three, deals with the proposed linear phase, sharp transition FIR bandpass filter
with slope equalization technique applied to the design. The bandpass design is a direct
approach without need of component highpass and lowpass filters and is adaptable to any
change in the center frequency and passband width as verified in this chapter. Another novel
bandpass filter technique with variable density of ripple cycles in passband and stopband to
further reduce Gibb’s phenomenon is proposed.

In chapter four, literature survey for synthesis of very narrow transition width FIR filter
using frequency response masking (FRM) technique is given. A modified frequency response
masking technique for the synthesis of linear phase, sharp transition FIR filters. with low
arithmetic complexity is proposed.

In chapter five, functioning of human auditory system is explained and various types of
hearing impairments are described. Various speech processing schemes employed in literature,
to improve speech perception degraded due to loss of frequency seléctivity caused by spectral
masking for sensorineural hearing impaired are reviewed. A pair of multiband filters are
designed, using the proposed approach to split the speech into various frequency bands, based
on Zwicker’s model, for binaural dichotic presentation of speech. It is experimentally proved
that, this reduces the effect of spectral masking in sensorineural hearing impaired.

Chapter six gives the conclusions of the work done and future work proposed in this
research area. The thesis has appendices, where conventional FIR filter design methods are
reviewed, an alternative interpretation of impulse response truncation of FIR ﬁltér is given
along with the implementation of speech processing ‘scheme, listening tests and results of
listening tests conducted on sensorineural impaired patients. The filter design steps for various

proposed FIR filters developed are worked out and programs developed in MATLAB listed.
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Chapter 2

SYNTHESIS OF SHARP TRANSITION LINEAR PHASE DIGITAL
LOwPASS FIR FILTERS

2.1 Introduction
For many digital signal processing applications, FIR filters are preferred over their IIR

counterparts as the former can be designed with exact linear phase, guaranteed stability, free of
phase distortion, absence of limit cycles and low coefficient sensitivity. However, FIR filters
require especially in applications demanding narrow transition bandwidth, considerably more
arithmetic operations than their IIR equivalents. Since the FIR filter length is inversely
proportional to transition bandwidth its complexity becomes prohibitively high for sharp filters,
which causes serious implementation problems [12[]%'%21'3‘:, very large number of multipliers
renders real time high speed implementation impractical. Second, the foundoff noise power
generated by a filter with large number of nontrivial coefficients will be unacceptable unless the
word length of the registers and arithmetic units are sufficiently high. Finally, filters with a large
number of nontrivial coefficients have high coefficient sensitivity. As a consequence, very sharp
filters will have high hardware complexity, high coefficient sensitivity and high roundoff noise
unless the filter coefficient vector is sparse.

Several methods have been proposed in the literature for reducing the arithmetic qomplexity
of sharp transition FIR filters {7], [13]-[15]. One of the techniques employed is the concept of
interpolation [14]. One of the computationally efficient realizations for narrow band FIR filters
based on this concept is the Interpolated FIR filter or IFIR filter which is a FIR-FIR filter cascade

realization. In this realization the first FIR structure called the shaping filter has a very sparse

impulse response resulting in a greatly reduced number of arithmetic operations. The second FIR

11



structure called the interpolator attenuates the undesired spectral images of the desired passband of
the shaping filter below the prescribed stopband level and is usually a very simple filfer of short
length. Interpolating the impulse response of low pass filter has the effect of feducing its passband
width by the interpolationratio. By replacing every delay by M delays, the transition bandwidth is
reduced by factor of M but the passband width is also reduced by the same factor. Hence this
technique generally is suitable only for narrow passband design.

The total number of multipliers required for the implementation of FIR filters is a widely
used performance criterion. Another approach, leading to computationally efficient FIR filters is
the multiple use of the same filter. The resulting overall filter requires significantly fewer distinct
multipliers than equivalent direct-form designs at the expense of an increased overall filter order.
By appropriately cascading these filters large stopband attenuation can be obtained. Subfilter
approach for designing efficient FIR filters is described in [16]. There are basically two subfilter
approaches, the first one using different subfilters and the second one using identical subfilters. In
the first approach, the best results are obtained by forming the subfilters by replacing the basic
delay in a conventional prototype filter transfer function by a multiple delay and then by properly
designing and combining the subfilters. The subfilters have different basic delays. The transition
bandwidths of the prototype filters are very wide compared to that of the overall ﬂlter.. Hence the
required filter orders and correspondingly the number of multipliers required are very low
compared to an equivalent direct-form minimax design. The subfilters that result when replacing
the basic delays in the prototype filters by multiple delays have sparse impulse responses with the
number of non-zero impulse response coefficient values being equal to that of the prototype filter,
thus high-order filters are realized using very few multipliers. In the second technique, the overall

filter is designed by interconnecting a number of identical subfilters with the aid of a few
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additional adders and multipliers. The pass band and stopband edges of the subfilter are the same
as those for the overall filter but the passband and the stopband ripples are significantly larger,
resulting in a significant reduction in the filter order. Hence, by increasing the number of
subfilters, the overall filter order can be reduced to any desired level. However, the realization
which employs the minimum number of multipliers may sometimes require a slightly longer word
length to achieve a specified noise performance or may result in a slightly longer group delay
when compared to another realization which requires a slightly larger number of multipliers. A
problem of practical interest is to find the lowest order filter, which satisfies certain maximum
ripple requirements.

Ore of the important problems in digital filtering that has been considered by a number of
authors in the past is the design of linear phase FIR filters with a very flat passband response and
an equiripple stopband respor?si%]'l‘"{-;?esign of linear-phase FIR filters with equiripple stopbands
and with a prescﬁbed degree of flatness of passbands is dealt in [17]. The design is based entirely
on an appropriate use of well known Remez exchange algorithm for the design of weighted
chebyshev FIR filters. Techniques fof reduction of passband ripple in FIR filters have been
recently investigated in [18] using optimization techniques. |

This chapter deals with the formulation of various lowpass FIR digital filter models and
their design. Models are proposed for linear phase, sharp transition, lowpass FIR filters with
minimum passband ripple, good stopband attenuation with least filter order. The filter modéls are
formulated using sinusoidal functions of frequency to evaluate the impulse response coefficients in
closed form. Filter transfer function is evolved in frequency and time domain. The approach is

simple, versatile and analytical without extensive computations. Expressions for filter design

parameters k ,,k,, k, and impulse response coefficients are derived. Magnitude response of the
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proposed lowpass filter is obtained. The approach can be extended to design sharp transition
arbitrary passband highpass, bandpass and bandstop filters.
Novel slope equalization technique is introduced and the technique is applied to the various

lowpass digital filter models formulated. The filter design parameters k ,, k,and k, are evaluated

by equalizing the slopes of the pseudo-magnitude response function at both the ends of the
transition region. This allows the proposed function to be continuous thus reducing the effects due
to Gibb’s phenomenon and hence decreases passband ripple and increases stopband attenuation.
The filter models proposed in this chapter lay stress on achieving a sharp transition from
the passband to the stopband. Sharper this passband, more oscillatory will be the frequency
response near the edge of the passband, a trait described as Gibb’s phenomenon [8],'[12]. The
filter models proposed in this chapter achieve a tradeoff between the transition region width and
the Gibb’s phenomenon. In addition, emphasis is laid upon a good passband i.e. low passband
attenuation and good stopband i.e. large stopband attenuation. Thus a three fold compromise for
the satisfactory performance of the filter in all the three bands namely passband, transition band
and stopband is essential in addition to a trade off between Gibb’s phenomenon and sharpness of
transition of the filter. The first model namely, Class I FIR filter with nonmonotonic passband has
maximum passband attenuation at the extremiiies of the passband and a negative excursion that is |
maximum at the extremity of the stopband to obtain a sharp transition. All the three regions of the
response are formulated in terms of sinusoidal function to achieve twin objectives of reducing
Gibbs phenomenon and evaluating the closed form expression for the impulse response

coefficients. The three parameters k,,k,and k; are evaluated with the above stated objectives in

mind. The class 11 filter proposed has a monotonic passband and reduced number of filter design

parameters. Its stopband is also monotonic but for these minor differences, its formulation is
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similar to class I filter model in many respects. The class III filter model proposed with and
without slope equalization has equiripple passband and stopbands. The formulation of the
transitionregion is similar to that of the Class I filter. This filter achieves better filter performance
than its predecessors. This model is refined further by applying slope equalization technique
which avoids a discontinuity at the edges of the passband and stopband reducing the effects of
Gibbs phenomenon and thus further improving the filter performance. The class IV filter model
has equiripple passband and stopband and in addition it introduces a linear transition region. In
this model the synthesis of the filter is greatly simplified with fewer filter design parameters

which reduces the complexity of the design compared to Class III filter. The parameter k, is

uniquely determined from the transition region width. The parameter is independent of passband

widtha, . With the application of slope equalization technique Gibbs phenomenon is found to

reduce considerably. The class V filter model has equiripple passband and stopband and has a
linear transition region. It has variable density ripples in the passband and stopband. This

technique is employed to further reduce the effects of Gibb’s phenomenon.

2.2 Review of Gibb’s Phenomenon

A causal FIR filter obtained by simply truncating the impulse response of the ideal filter,
exhibits an oscillatory behavior in its magnitude response which is more commonly referred to as
the Gibb’s phenomenon. The oscillatory behavior of the magnitude response is on both sides of |
cutoff frequency at which the ideal response is discontinuous and the peak ripple moves closer to
the discontinuity [12]. As the order of the filter is increased, the number of ripples in both passband
and stopband increases and the ripples are squeezed into a narrower interval about the

discontinuity. However the overshoots, which occur on both sides of the transition region remain
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the same independent of the filter order and are approximately 18% of the difference between the
passband and stopband magnitudes of the ideal filter [8]. The presence of the oscillatory behavior
in the Fourier transform of a truncated Fourier series representation of an ideal filter response is
basically due to two reasons. First, the impulse response of an ideal filter is infinitely long and not
absolutely summable and as a result the filter is unstable. A stable filter realization needs a finite
impulse response obtained by truncation of the impulse response. Second, the rectangular window
used for truncation and obtaining an FIR response has an abrupt transition to zero which is the
reason behind the appearance of the Gibbs phenomenon in the magnitude response of the
windowed or truncated ideal filter impulse response sequence. The Gibbs phenomenon can be
reduced by either using a window that tapers smoothly to zero at each end or by providing a
smooth transition from the passband to the stopband. Use of a tapered window causes the height of
the side lobe to diminish with a corresponding increase in the main lobe width resulting in a wider

transition at the discontinuity.

2.3 Proposed Slope Equalization Technique

In this section, a novel slope equalization technique is proposed [23]. In the filter design
without slope equalization the filter response ﬁmctions are discontinuous at the passband edge,
which leads to ripple at the points of discontinuity. The points of discontinuity are (i) at the end of
passband region and start of transition region (ii) at the end of the transition region and start of the
stopband region. The slopes of the magnitude response are equalized at these points of

discontinuity i.e. ®, and @, shown inFig.2.1 which makes the function continuous at these points

reducing the overshoots due to Gibb’s phenomenon. This leads to reduction of the peak ripple at
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Fig.2.1. Illustration of novel slope equalization technique: (a) Lowpass FIR filter model with

equiripple magnitude response (b) Expanded view of passband (c) Expanded view of
stopband.
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the points of discontinuities and hence reduces passband ripple and increases stopband attenuation.

In Fig.2.1,the slopes are equalized at w, i.e., slope A equal toslope Band at o, i.e. slope C equal

to slope D. The filter is modeled over three regions i.e., passband, transition and stopband regions

using trigonometric functions. Filter design parameters of the filter model are evaluated with slope

equalization.

2.4 Expressions for Impulse Response Coefficients of a Digital
Filter ‘

Let h(n) be the impulse response sequence of an N-point, linear phase FIR digital filter
where, 0 <n < N-1. The linear phase condition implies that the impulse response satisfies the
symmetry condition [8], [19].
h(n)=h (N-I-n), where n=0,1,2..N-1. @.1)
The frequency response for the linear-phase FIR filters for order N is given by [8].

N-1

H(e)= ¥ h(n)edor ‘ 22)
n=0
e
H(e)=e H,p () @2.3)

where the pseudo magnitude response H,,, (co) is

N-1

==

Hpm(m)=h( N-1 )4—2 2Zh(n) cos[( Ez:-—l-—n)m] forNodd and | 24

n=0

N,
H,, (@)= Zi h(n) cos[( EZ:-—I- - n)m] forNeven 2.5)
n=0

The impulse response sequence (coefficients) h(n) of the filter obtained from this frequency

response are,
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1 N-1
h(n)-;; L: Hpp, (@) cos[( 5 —n)mildm, (2.6)
n=0,1,2......... ,—Iiz_—l , for N odd and
N
n=0,1,2......... ,—2—— 1, for N even 2.7

2.5 Class I FIR Lowpass Filter with Non-Monotonic Response
without Slope Equalization

2.5.1 Filter Model and Design

In this section, the formulation of a linear phase, sharp transition, lowpass FIR filter model
with non-monotonic passband response and its design is presented. The filter model magnitude
response H,,, (w) is as shown in Fig.2.2. For the proposed lowpass filter model, the various regions

of the filter response are modeled using trigonometric functions of frequency as follows.

In the passband region, the frequency response is
Hpn(®)=1+k 8, sin (0-0q) , 0<o<w, 2.8

where @ is the frequency variable, H,,, (@) is the pseudo-magnitude of the filter response, 3, is

the passband ripple, k; is a filter design parameter, @, is the passband edge at which H,,(®)

P
is maximum and ®, is a frequency at which H,, (@) is unity.

In the transition region, which also spans part of the passband [w,,®,] as well part of the

stopband [ ®,, , ] the frequency response is given by

Hyp (@)= (1 + z—") cos[kt (0-o, )] . 0, <0, 2.9)
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Fig.2.2. Illustration of proposed Class I lowpass filter model with non-monotonic magnitude
response
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where k; is a filter design parameter, ®, is the frequency in the stopband at which H,n (o) is
zero and . is the stopband-edge.

In the stopband region beyond w, , the frequency response is given by,
ko, .
Hpm(m)=-Tsxn (0-®,) , ®, <OST (2.10)

where & is the stopband attenuation and k; is a filter design parameter.

) .
At ©=0,Hyy©=1-2 =1k, 8, sin(w,) ] @l
Simplifying, we obtain, k , = —l— (2.12)
2sin @,
3, .
Ato=0,, Hpm(cop)=1+—2—=1+kp8p sin (@, -®,) (2.13)
Simplifying we obtain,
@, =0 +sin'1l: ‘ } | 2.14)
p— 0 27 :
2k,
Substituting (2.12) in (2.14) we obtain,
®, = 20, ' : ~ (2.15)
Thus, o, is the mid-band frequency.
Sy
Ato=0,,H,,(0,)=0= 1+—2— cosk, (w,-®,) (2.16)
Simplifying (2.16), ®, = @, +—— =2, +—— | 2.17)
P e o e = e T ok~ 0 T 2k, '
8y S,
Ate=0,, H,,(0,) = 1—-2— = l+-2— cos k, (0, -©,) (2.18)
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5
Simplifying (2.18), o, = @, +— cos™

1--2
2 (2.19)
t 1+-2
88 SUS %
At © =1t,Hpm(n)=—?--—-2—-sm(n-mz) (2.20)
Simplifying (2.20), k, = — @21)
sin @,
Ato=o,, H 5 (14
O=a,, pm((ns)-?-- +—2- cos k, (0 -@,) 2.22)
S
Simplifying (2.22), ®, = ®, +-—cos” 25 (2.23)
t 1+-2
2
Using (2.19) and (2.23) we obtain,
8s SP
1 | il_2 a2
k,= ——————]cos -COS 2.24)
@, -®.) 142 1+ %

2.5.2 Expressions for Impulse Response Coefficients

Referring to filter design theory of section 2.4, the impulse response coefficients h(n)
for the lowpass filter are obtained by evaluating the integral below.

-1!
h(n)= [Hp (@) coska do ] (2.25)
T
L O
-
1 wp [ n
h(n)=— j H,. (o) cosko do+ j H,, (@)cosko do+ j H,, (0)coskode 2.26)
T
L 0 @, ®,
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h(n)= ;lt— j [l +k,0, sin (0- mo)]cos ko do+ mj (1 + 82—") cos[kt (0-0, )]cos ko do
0 :

@p

T 8 v
+ J.-E—sz—s—sin (@-o,)coska dm} (2.27)

where n=0,1,...... , —N—z-—l for N odd,

n=0,1,...... ,-Ii—l forNeven and k=N_1

—-n

Evaluating (2.27), the expressions obtained for the impulse response coefficients h(n) for the

lowpass filter are
h(n) = h(—N—!-+ k) = h(y—l—k)
2 2

_sin(k m;,) kg,
kn n(k2

[ksm(k @,)sin®, +cos(k ,)cos ®, —cos ® ]

3

1+—

+-————2-————[k cos ko, +ksin ko ]
n(k,

-2—(-k—2—_-5[cos(km )+ cos(kn )cosw, —ksin(kz)sinw, | (2.28)

Eq. (2.28) is valid for N even where k is a non-integer. For N odd, (2.28) is valid except for k=0,

k=1and k= k,.
For N odd, k=0 we obtain,
8
o (1 +-2l) K5,
hny=h( X=1|=2e 4 XS (14 cos@,) (2.29)
2 T nk, 2n
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For N odd, k=1 we obtain,

N-1 - sine, k8
h(n)= (_2_.,.1): h(%_l_l)_ — R - ;n" [cos@, —cos (3w,)

n
8
2
SR, S

n(ktz -

[ktcos @, +sin cop]+ _1%55_s (n-w,)sin®, (2.30)
T

For N odd, k= k,we obtain,

h(-liiﬂct] = h(——-—N'l—k,)
2 2

N sin (k, mp) k.3,

- - 2 [kts"‘(k ®,)sin@, +cos(k,®,)cos , ~cos ® ] '
t 1!',

3]
1+-+£ )
N 2 l: sm(mpkt)]

(o, —o,)cos (@ k)~ ”
t

+—£-—(?2——;[cos(k ®,)+cos(k,m) cosw, ~ k,sin(k,m)sinw, ] (2.31)

2.5.3 Filter Synthesis Results
Design Example: A lowpass linear phase sharp transition FIR filter is designed for the desired

filter specifications: Passband edge o, is 0.6667, transition bandwidth (o,-«,) is 0.01x,
maximum passband ripple 3, is +0.1dB (0.2 dB ) and minimum stopband attenuation 5 is 40dB

using the proposed Class I filter design approach.
The lowpass filter is designed using MATLAB [20][21] with program MLP-1. The filter
specifications obtained by measurement of the magnitude response of the filter using Signal

Processing toolbox are passband edge w,= 0.6667x, cutoff edge = 0.6668 n, stopband edge
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o,= 0.6767n, transition bandwidth («o,~®_ ) = 0.01xw, passband ripple 8,= 0.088dB and
stopband attenuation 8 = 32.2dB for a filter order of 701. Results appropriate the desired filter

specifications closely but the desired filter specifications of stopband attenuation is not achieved
fororder 701 and with slight improvement in stopband attenuation for higher filter order. Hence
this filter model and design is treated as a developmental one. The magnitude, impulse and phase
response of the proposed lowpass filter obtained is shown in Fig.2.3. Also Table 2.1 depicts the
performance of the filter. Itis observed that for conventional FIR sharp transition filters the peak
passband ripple due to Gibb’s phenomenon is about 18%. In the proposed Class I filter design the
peak passband ripple is 0.99% for the filter order 701 and decreases for higher filter order. Filter

synthesis and design steps are shown in Appendix A 6.1.1
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Table 2.1

Variation of passband ripple and stopband attenuation with filter order for transition band
width of 0.01% and passband edge of 0.666 % without slope equalization for proposed Class I

FIR filter.
Filter Order 301 401 501 601 701 801
Passband
Ripple in dB 0.454 0.129 0.105 0.103 0.088 0.035
Stopband
Attenuation 25.72 28.88 30.7 31.57 32.2 33.2
indB
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2.6 Class II FIR Lowpass Filter with Monotonic Response without
Slope Equalization

2.6.1 Filter Model and Design
In this section, the formulation of linear phase, sharp transition lowpass FIR filter model with
monotonic passband response and its design is presented [22]. The passband and the transition

regions are modified in this design. The filter model magnitude response H,, (v) is as shown in

Fig.2.4. For the proposed lowpass filter model, the various regions of the filter response are

modeled using trigonometric functions of frequency as follows.

In the passband region, the frequency response is

H,, (0)=1-k, sino, 0<oo, (2.32)
where as before, o is the frequency variable, H (o)) is the pseudo-magnitude of the filter
response,. k, is a filter design parameter, 8, is the passband ripple , o, is the cut-off edge,
H,,(0)=1and H , (o,)=1-3,.

In the transition region and part of the stopband [ ®,, ®, ], the frequency response is

H,r(0) =(1-8,) [1-sink (0- 0,)] . 0, <0<, (2.33)

where H,,, (0,) =0 and H,,, () =82—s where §; is the stopband attenuation, k, is afilter design

parameter, o is the stopband-edge and ©, is the frequency in the stopband region at which
Hyn (@) is zero.

In the stopband region, the frequency response is

-k 3, . '
Hpm(m)=—§—ism(co-coz) , 0, <OsT (2.34)
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where k is a filter design parameter.

Ato=0,, H,,(0,)=0=(1-3))[1-sink (0, -.)] (2.35)
Simplifying (2.35), ®, =®, + -2—1"2— (2.36)
t
Ato=0, H,,(0)=1-8, =1-k; sino, 2.37)
o d
Simplifying (2.37), k, =——= (2.38)
- sine,
At o=m, I'I,,m(‘lt)=--%’—=--kz’éss sin (n- @, ) (2.39)
Simplifying (2.39), k, = — 1 (2.40)
sin o,
Ato=o, , H,, (0,) =‘%s =(1-8,)[1- sink (o,-0,) ] (24D
Simplifying (2.41),
d
Coatn! 1~ s
sin [ -5,
O, =0, + : (2.42)
k,
sin”!} 1- O
2(1-3,)
From (2.42), we have, k, = (2.43)
(0 ~o,)

It is not possible to model the frequency response equalizing the slopes at ® = ®, . The slope of the

response on the passband side can be shown to be low and equalizing the slope on the transition
region side for sharp transition is not possible. Therefore slope equalization technique cannot be

applied for this design.
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2.6.2 Expressions for Impulse Response Coefficients -

Referring to filter design theory of section 2.4, the impulse response coefficients h(n) for the

lowpass filter are obtained by evaluating the integrals below.

h(n)= %IHP (0) cosko dm]

.

[0S @, n
h(n)= —:; I Hpp (0) cosko do+ IHPm (@)cosko do+ IHpm (0)coskoda
0 @

©,

L

@,

‘”z
h(n)= —11; f (1 -k, sinm) coskm do+ j' (1 -3, )[1 ~sink, (®- @, )]cos ko do
- ‘”c
kD, .
+ I 5 sin (0 - ®, )cos ko do
wz
where n=0,1,...... . -N—z-—l— for N odd

-1

n=0,1,...... ,%—l forNeven and k= -n

(2.44)

(2.45)

(2.46)

Evaluating (2.46), the expressions obtained for the impulse response coefficients h(n) for the

lowpass filter are

h(n)=h(y—2-—1+k)

_ h(_l\%l _ k) _sin f(l:tmc) + (kzkjl)n [1-k sin(k @, )sinw, - cos(ka, )cosw, ]

. (1 —5;,) sin (k o, )-sin(k ®,) , Ksin ko,)-k, costk o)
n k , k2 -k%)
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+ ~5(-1(-5——1—);[cos(k o,)+ cos(kn)cos m, —ksin(k n)sm ® ] 2.47)

Eq. (2.47) is valid for N even. For N odd, (2.47) is valid except for k =0, k=1 and k=k,

For N odd, k=0 we obtain

h(N—z'l)=%{(cos o.-1k, +mc+(1—z‘>p)[(mz -mc)-ki]-iz——(ncosm )] | (2.48)

t

For N odd, k=1 we obtain
N-1 N-1 sin®
h(_z_ 1)_ h(T—lj ;[cos(ch)-l]+ =

1-0 ino. —k. ‘
+ -————( - P )l:(sin(:)z -sino, )+ (sino, ~k coso, )] + k‘:SS [(n-,)sino,]
T

k-1
(2.49)

For N odd, k =k, we obtain
{55 {5

_Sin (l: m°) (k k_ )1[[1 -k, sin(k, o, )sinw, - cos(k, o, )cos ]

(1—5p) sin(k, @, )-sin(k, @, ) (1“5;,) cosk, o, ,
+ |: L ]— o |: K, +(0, -0, )sin(k, o)c)]
+_2?k£271§n—[cos(k o, )+ cos(k, m)cos @, -k sin(k,nkino, ] (2.50)

2.6.3 Filter Synthesis Results
Design Example: A lowpass linear phase sharp transition FIR filter is designed for the desired

filter specifications: Cutoffedge o, is 0.666  , transition bandwidth (e, - ©_) is 0.01 &, maximum
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passband ripple 5, is +0.1dB (0.2 dB ) and minimum stopband attenuation &  is40dB usingthe

proposed Class II filter design approach.
The filter is designed using MATLAB with program MLP-2. The filter specifications
obtained by measurement of the magnitude response of the filter using Signal Processing toolbox

are cutoff edge ®.= 0.6668 n, stopband edge w,= 0.6767 =, transition bandwidth (o,-®,) =

0.01 &, passband ripple 8,= 0.204 dB and stopband attenuation 8= 46.3 dB for a filter order of

701. It is observed that the desired filter specifications are obtained as per design example with
very good stopband attenuation. It is also observed that passband ripple is higher compared to all
proposed filter model designs. The magnitude and impulse response of the proposed lowpass filter
obtained is shown in Fig.2.5. Table 2.2 depicts the performance of the filter. In the proposed Class
I filter the peak passband ripple is 2.3% for the filter order 701 and decreases for higher filter
order as compared to about 18% peak passband ripple in conventional FIR filters. Filter synthesis

and design steps are given in Appendix A6.1.2.
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Table 2.2

Variation of passband ripple and stopband attenuation with filter order for transition bandwidth
of 0.01 = and passband edge of 0.6667 without slope equalization for proposed Class II FIR

filter.
Filter Order 301 401 501 601 701 801
Passband '
Ripple in dB 0.538 0.34 0.262 0.236 0.204 0.165
Stopband
Attenuation 31.95 45.10 45.26 45.79 46.3 46.98
indB
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2.7 Class III FIR Lowpass Filter with Equiripple Response

2.7.1 Filter Model and Design without slope equalization
In this section, the formulation of a linear phase, sharp transition, lowpass FIR filter model
with equiripple passband and stopband with its design is presented [23]. The filter model

magnitude response H,, (o) is as shown in Fig.2.6. In the proposed lowpass filter model, the

various regions of the filter response are modeled using trigonometric functions of frequency as

follows.

In the passband region, the frequency response is
8P
Hpm(m)=l+—2—coskp0), 0<o<ae, (2.51)

where as usual o is the frequency variable, H,,, () is the pseudo-magnitude of the filter response,

8, is the passband ripple, k; is a filter design parameter in the passband and o, is the passband
edge.

Transition region spans part of the passband [®, , @, ] as well as part of the stopband [y, @, ]
where @, is the cutoffedge and «, is the stopband edge and @, is the frequency in the stopband
region at which H () is zero. In the transition region, the frequency response is given by

Hpm(co)=Acoskt(m-mo), 0, soso, ando,<e, (2.52)
where k, is a filter design parameter in the transition region, A is amplitude paraméter and is
chosen greater than 1, @,, is the frequency at which H (0)) equals A .Itmay be noted that, @, is
a fictitious frequency parameter used to shape the response inthe region ©, < @ < w, which cioes

not include @, . The formulation according to (2.52) yields some design flexibility later on
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when slope equalization technique is applied to the design.

In the stopband region, the frequency response is given
o, .
Hpm(m)= ——2-s1nks(m—coz), 0, <0<t (2.53)

where 0 is the stopband attenuation, k; is a filter design parameter in the stopband region.

The number of ripple cycles in the passband region [0, o,] =k, + 1 (2.59)

4

where k, =0,1,2...is a non-negative integer.

For the Class III lowpass filter design, the passband region [0, ®, ] of the filter model possess

(k, + %) number of ripples cycles and is characterized by filter design parameter k,,

Therefore, k,0,= 2'rt( k, +%) (2.55)
Zn(k, +% )
ie. k= ————+ (2.56)
®

p

It may be noted that a large value of k. lead to a large value of kp which in turn yields o, = @,

and ©, = o, which guarantee a steep transition.

)
Ato=0,H,(0)= 1+—2"- Q.57
At oazcop,Hpm(a)P):1.O=Acoskt (@, -0) (2.58)
From (2.58) we obtain, A= L (2.59)

cosk, (0, —®,)
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The design strategy envisages the use of a part of the first quarter cycle of a cosine wave to
simulate the transition region. To make the transition sharper, only the base of the waveform near

zero crossing is used. The amplitude of the cosine wave is A and this wave is shifted in frequency

by ®,. Accordingly A>1 and/or @, < ®, is chosen. To reduce the transition region width a
frequency compression factor, k,>>1 is used. It is noted that the choice of ®, <w, makes o,
fictitious, since only the portion limited by [@, , @, ] of the cosine wave is used.

From (2.59) we obtain

1) 41 |
®) =0, _(k_tJ cos '(—A—) (2.60)

At @ = 09, H,,, (@)= A 2.61)
5
At o =0,H,, ()= 1——2-"-=Acos k, (o, - o,) (2.62)
15
Simplifying (2.62), o, = ®, +kicos-‘ 2 2.63)
t
8,
Atco=cos,Hpm(cos)=-2—=Acoskt (cos-coo) (2.64)
Simplifying (2.64),
o, =0, + L cos (is—J (2.65)
k, 2A _
5 122
. 1 - -1 2
.6 d(2.65), k,=——< —|-co 2.66
Using (2.63) and (2.65), k, (ms o, ) cos (ZA) 0S " (2.66)
Ato=0,, Hpm(coz)=0=Acoskt (@, - ) (2.67)
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Simplifying (2.67), @, = @, + —— (2.68)

& 8, .
Ato=m=, Hy,(x)= 5= ——2-smks (n-0,) (2.69)
s n(4L +1)
Simplifying (2.69), k, = ———= (2.70)
2(n- coz)

The lowpass filter design has (L+1/4) number of ripples in the stopband i.e. in the region [coz,n]

where L is a non-negative integer.

2.7.1.1 Expressions for Impulse Response Coefficients
Referring to filter design theory of section 2.4, the impulse response coefficients h(n)

for the lowpass filter are obtained by evaluating the integral below.

h(n)= 1 IHP'“ (0) cosko do :I - @)
T
Lo
1 me ®y n
h(n)=— ijm (0) cosko do+ ijm (0)cosko do+ ijm (®)coskadw (2.72)
T 0 Oy (o33
1 -(!)p 8 @,
h(n)=— j' l:l +—ép—cos k, co} cosko do+ j'_A cosk, (@-w,)cosko do
T 0 o,

+ j—%s—sinks (0-®,)cosko dco} (2.73)
")z
where n=0,1,...... , -NT-I for N odd
n=0,1,...... ,-I;——lforNeven and k=N—1—n
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Evaluating (2.73), the expressions obtained for the impulse response coefficients h(n) for the

lowpass filter are

h(n)=h(l2'_‘+k) ) h(N_l _k)=sin(km,,) , 3y Ky oos(kay)

2 kn 2n(k> - k)

[Ak cos(ko,)-k (\/— ):os kco +ksm(kco )]

1:(k2 k?)

85

+ —————21:(1(? N [k,cos k,(n-, Jcos(kn) -k cos(ka, )+ ksin k, (n - o, Jsin (k=)] (2.74)

Eq. (2.74) is valid for N even where k is a non-integer. For N odd (2.74) is valid except fork =0,

k=k,,k=k,andk=k,.

For N odd, k = 0 we obtain

- 8 1 8 |
h(n)=h(N21)=(°1: +—2 4 (A—\/AZ—1)+T"ks[cosks(1t-mz)-l] (2.75)

2nk, 7k,

For N odd, k = k, we obtain,

h(N -1 k) h(N -1, )=sin(ks(op) 3o kp c0s(,0,)
2 2 s k. 21:(k,2,—k52)

[Ak cos(k,0,)-k (\/—_— ):os k ®, )+k sm(k ® )]

(k2

. [cos (2k,n-k o, ) cos(k 0 B

+——(1t ® )sm(k ® )+ 2%,

(2.76)

ForNodd, k= k,we obtain,

h(n)= (—-—+k )
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N-1 1 80, 1
=h| —-k, |=—+-22+ Ak
( ”) k,m  4m n(kf-kpz( coskyo, k)

3

-z—n—(kT—k——)[k cosk,(n-w, os (k n)—k cos(k ® )+k sink (n-o )sm(k n)]

2.77)
For N odd, k = k,we obtain,

h(———+k) _ h( : —k) sin k@, +8p kpcos(ktc)p)

km 2n(k? ~k.2)

A _ [sin(k,w,) +sin 2k, o, —k,0,)]
+(2 )(coz o, )eos(k,@y) ~ (21:) 2K,

3

—-—-—-——-2 e )[k cosk,(r -, Jos (k,m}k,cos(k,®, ) +k,sin ky(n - o, Jsin(k, )]

(2.78)

2.7.1.2 Filter Synthesis Results
Design Example: A lowpass linear phase sharp transition FIR filter is designed for the desired

filter specifications: Passband edge o, is 0.6667, transition bandwidth (0, -w,) is 0.01x,
maximum passband ripple 3, is +0.1dB (0.2 dB) and minimum stopband attenuation & is 40dB

using the proposed Class III filter design approach.
The filter is designed using MATLAB with program MLP-3. The filter specifications
obtained by measurement of the magnitude response of the filter using Signal Processing toolbox

are passband edge o,= 0.6667 &, cutoff edge «.= 0.6668 n, stopband edge o,= 0.6767x,
p p s

transition bandwidth (o, - ©_) = 0.01 &, passband ripple 8,= 0.079dB and stopband attenuation
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8= 35 dB for a filter order of 701. But it is found that stopband attenuation is less than the

desired value of 40 dB, which can be achieved with higher filter order. The magnitude, impulse
and phase response of the proposed lowpass filter obtained is shown in Fig.2.7. Also Table 2.3
depicts the performance of the filter. For conventional FIR sharp transition filters the peak
passband ripple due to Gibb’s phenomenon is about 18%. In the proposed Class III filter design
the peak passband ripple is 0.92% for the filter order 701 and decreases for higher filter order.

Filter synthesis and design steps are given in Appendix A6.1.3.
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Table 2.3

Variation of passband ripple and stopband attenuation with filter order for transition
bandwidth of 0.01% and passband edge of 0.666® without slope equalization for proposed

Class III FIR filter.

Filter Order 301 401 501 601 701 801
Passband 0.44 0.119 0.1094 0.1056 0.079 0.0351
ripple in dB
Stopband 26.79 31.0 33.22 34.47 35.0 37.0

Attn, indB
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.2.7 .2 Filter Design with Slope Equalization

Slope equalization technique is applied to the equiripple filter model of section 2.7.1,

which further improves the performance of the filter. The filter design parameters k ,, k,and k,

are evaluated by equalizing the slopes of the pseudo-magnitude response function at both the ends
of the transition region. This allows the proposed function to be continuous thus reducing the
effects due to Gibb’s phenomenon and hence reduces passband ripple and increases stopband

attenuation of the filter.

o
At co=cqp,Hpm(cop)= 1= 1+-2—"coskp o, (2.79)

Slope at @, = (;im[Hpm (m)]

m:mp
5 &, .

=—|1+—Lcosk @ |=——Lk sink_ o (2.80)
2 P 2 ‘

Simplifying (2.79), cosk,®, =0 ie. sin k, o, =1
Since the slope of the magnitude response is negative at ® =, , we choose the positive sign
ie. sin k, o, =1 (2.81)

Substituting (2.81) in (2.80),

-k 0
Slope at ®, = —2= P (2.82)
Alsoat o=w, , Hy, (mp)= 1=Acos kt(cop - mo) (2.83)
NP 1 (1 ’
Simplifying (2.83), 0y = ®, —--k—cos x (2.84)
t

d d
Slope at @, = d_co[H"'“ (co)]m:% = -a-o—)[A cosk,(0- o, )]
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=-Ak,sink (o, -0) (2.85)
Using (2.83) in (2.85) and simplifying, we obtain,

Slopeat o, =-Ak,,/1- Xlz_ (2.86)

Equalization of slopes at @, by equating (2.82) and (2.86) yields,

2
y =2kt!\/A -1! (2.87)

P SP
The filter design parameter k, is obtained as before from (2.66) for a given A>1, as |

1%

k,= 1 cos™ (Es—) -cos™ 2 (2.88)
(oos -, ) 2A A

Ato=0, , Hpm((oz)=0=Acoskt((°z '(00) (2.89)
Simplifying (2.89) we obtain, sin kt(ooz - (oo) = +].Since the slope of the response is negative

ate=a, , we choose the positive signi.e., sink,(o,-w,)=1 (2.90)

Using (2.52), Slopeat o, = -&%[Hpm (‘0)] oo

=-&(—1(:)-[Acoskt(co-coo)] =— Ak, sink,(, - o) (2.91)

Substituting (2.90) in (2.91), Slope at 0,= — Ak, (2.92)
. d d| o .
Using (2.53), Slopeatw, = -&—(;[Hpm (co)] oo, = -&—(;[— i—sm k,(o- coz)]

= —-6—25—1(5008 ks ((oz ~0, )=_%ks (2.93)
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Equalizing the slopes at o, by equating (2.92) and (2.93),

5
- Ak =2k, (2.94)
2Ak
e k===t (2.95)

The expressions for frequency domain parameters ©,,® and ®_are identical to those in section

2.7.1. The expressions for impulse response coefficients are same as in section 2.7.1.1.

2.7.2.1 Filter Synthesis Results

For the same design example, as in section 2.7.1.2, the filter is designed using MATLAB
with program MLP-4. The filter specifications obtained by measurement of the magnitude
response of the filter using Signal Processing toolbox. It is found that passband edge, cutoff
edge, stopband edge and transition bandwidth are same as in Class III without slope equalization
technique but with reduced passband ripple of 0.068 dB and improved stopband attenuation of
35.82 dB for the same filter order of 701. The ripple due to Gibb’s phenomenon is reduced with
slope equalization technique and hence passband ripple reduces and stopband attenuation of the
filter increases. The magnitude and impulse response of the proposed lowpass filter obtained is
shown inFig.2.8. Also Table 2.4, Fig.2.9 and Fig. 2.10 depict the performance of the filter. For
conventional FIR sharp transition filters the peak passband ripple due to Gibb’s phenomenon is
about 18%. In the proposed Class III filter with slope equalization the passband ripple is 0.7% for
the filter order 701 and decreases for higher filter order. Filter synthesis and design steps are given

in Appendix A6.1.3.
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Table 2.4

Variation of passband ripple and stopband attenuation with filter order for transition bandwidth
of 0.01 % and passband width of 0.666x with slope equalization for proposed Class III FIR filter.

Filter Order 301 401 501 601 701 801
Passband '
Ripple in dB 0.399 0.092 0.072 0.069 0.068 0.02
Stopband
Attenuation 27.2 31.15 33.35 35.09 35.82 37.59
indB
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2.8 Class IV FIR Lowpass Filter with Equiripple Response and
Linear Transition

2.8.1 Filter Model and Design
Inthis section, the formulation of a linear phase, sharp transition, lowpass FIR filter model
with equiripple passband and stopband response and linear transition region and its design is

presented [24]. The filter model magnitude response H,,, (o) is as shown in Fig.2.11. Synthesis of
the filter is greatly simplified with fewer filter design parameters. The filter design parameter kp

is uniquely determined from the transition bandwidth and the parameter is independent of

passband edge «,. In the proposed lowpass filter model, the various regions of the filter are

modeled using trigonometric functions of frequency as follows.

In the passband region, the frequency response is given by

p
Hpm (m): 1+—2—cos kpo, 0<o<op (2.96)

where Hpm(O) = 14--{32B and Hon (cop)= 1

where o is the frequency variable, H (0)is thé pseudo-magnitude of the filter response, ap is
the passband ripple, kp, is a filter design parameter and @, is the passband edge. In the linear
transition region [w,,®,] the frequency response is given by

(0-0_)

P .
Hpm (@)= 1—[((02 -mp)], 0y SO0, .97)
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Fig.2.11. Hlustration of proposed Class IV lowpass filter model with equiripple magnitude
response and linear transition region.
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8 5
=1.2 =5 -
Also, Hpm(coc)—l o Hpm(ms) . and Hpm(mz)—o

where @, is the cutoff edge, w; is the stopband edge and @, isthe frequency atwhich H (@)

is zero and 5 is the stopband attenuation.

In the stopband region the frequency response is given by
5
Hpm(m)=——zs-sinkp(m-mz), 0, SOsSn (2.98)

2.8.2 Slope equalization
Slope equalization technique is applied to the equiripple filter model with linear transition

region, which further improves the performance of the filter. The filter design parameter k, is

evaluated by equalizing the slopes of the pseudo-magnitude response function at both the ends of
the transition region as described earlier. This allows the proposed function to be continuous thus

reducing the ripples due to Gibb’s phenomenon.

Using (2.96), Slopeat @, = -f(g[H,,m (‘”)]w,
5
_9 1+—cosk, ©
do 2 '
5
= --—2—p k,sin k, o, 299)

3
At o=0,,H, (0,)=1.0 =1+-5”-coskpc)p (2.100)
Simplifying, cosk,0, =0 and sin ko, =*1

Since the slope of the magnitude response at @, is negative we choose the positive sign,
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ie. sink,0, =1 2.101)
Substituting (2.101) in (2.99), we obtain,

-k 6
Slopeat o, = 2" £ (2.102)

Since the transition region [©,,®,] is linear, the slopes of the frequency response at ©,,

o.,0 and ©, are identical. Thus transition region slope of the magnitude response is given as

S 1%
- 2 _ 1 _ 2

) ] - (2.103)
(0g-op) (0z-0p)  (0g-0p)
Equalizing the slopes at ®, and ®,, from (2.102) and (2.103) we obtain,
)
-kpd £
Pp_ 2 (2.104)
2 (0 - cop)
Simplifying (2.104), og =0y, *El“ (2.105)
P
Equalizing the slopes at @, and ®, from (2.102) and (2.103),
k3 (1 S_P)
o\ 2 (2.106)
2 (og- cop)
s 2 1 '
Simplifying (2.106), og=0, + g 2.107)
PP Y
Equalizing slopes at ®pand o, from (2.102) and (2.103),
-knd
Pp_ 1 (2.108)
2 (0, - cop)
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Simplifying (2.108),

From (2.98), Slopeat 0, = a%[Hpm (“))] w=a,

d ) . kps
=a|:--;ssmkp(m-mz)J = - 5 S coskp(m-(nz)
____kpss
2

Equalizing the slopes at o, from (2.102) and (2.110),

k8, kpd,
2 2
Thus & =§
P S

Eq. (2.111) outlines the symmetry of the response.

Using (2.105) and (2.107),

_ 2(1—5p)
P sp(‘”s“”c)

2.8.3 Expressions for Impulse Response Coefficients

Referring to filter design theory of section 2.4, the impulse response coefficients h (n)

for the lowpass filter are obtained by evaluating the integral below,

h(n)= —:;F?Hpm (o) cosko da ]
0

(Dp @, L
h(n)= 1 IHpm (0) cosko do+ ijm (0)cosko do+ _[Hpm (®)coska dw
T 5 g

@p

60
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where n=0,1.2,...... , —I\—Iz-—] for N odd.

n=0,1,2,...... ,—I;—lforNeven and k=[1—\%.l—n]

) ) (0) ()] )
h(n)—— _[(1+—coskpm)coskm do+ _[1 P_lcoska do
@, ©,-0p)

.9

)
+ —-Zisin kp(0- 0, )coske d(o} (2.115)

®,

Evaluating (2.115), the expressions obtained for the impulse response coefficients h(n) for the
lowpass filter are

(' )cos (ko,) [costko,) ~cosk ®,)]

h
P e Kn(o, -o,)

3,

m [k,cosk,(n— (oz)cos (k) —kpcos (ka,)+ksink (n— @ 2)sin(km)]

2.116)
Eq.(2.116)is valid for N even where k is a non-integer. For Nodd (2.116) is valid excépt for k=0

andk=k .
p

For N odd, k = 0 we obtain

5 _cosk (m-,)
h(l_"-_l);[“’z”’h p__° } @2.117)
2 n 2 2k

P

For N odd, k= kp we obtain
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+§P_. cos(2kpn-kpwz)—cos(k wz)

2k
4n b

+sin(kpw2)(n—w2) (2.118)

2.8.4 Filter Synthesis Results

Design Example: Lowpass linear phase sharp transition FIR filters are designed for the desired
filter specifications: Passband edge o, is 0.666 7, transition bandwidths (o, - ®,) are 0.0057,
0.0l = and 0.02 7, maximum passband ripple 3, is +0.1dB (0.2dB) and minimum stopband
attenuation § is 40dB using the proposed Class IV filter design approach.

The filter is designed using MATLAB with program MLP-5. The filter specifications

obtained by measurement of the magnitude response of the filter using Signal Processing toolbox

are: passband edge ®,= 0.6667 n, cutoff edge ®,= 0.6668 n, stopband edge w;= 0.6767,
transition bandwidth (@, - @) = 0.01 &, passband ripple ap =0.129dB and stopband attenuation

8, = 40.3dB for a filter order of 701. It is observed that the desired filter specifications are

obtained. The magnitude, impulse and phase response of the proposed lowpass filter obtained is
shown in Fig.2.12. Also Tables 2.5, 2.6, 2.7 and Figs. 2.13, 2.14 and 2.15 depicts the pérformance
of the filter. No appreciable change in ﬁlte_r performance is observed for narrow and wide
passband as seeh in Table 2.5 and 2.7. Class IV filter gives the best filter performance compared
to Class I, Class II and Class III filter models. From Table 2.6 it is observed that filter order
varies almost linearly with a transition bandwidth of the ﬁlter for a given passband ripple and
stopband attenuation which holds good also with all proposed filter designs. For conventional
FIR sharp transition filters the peak passband ripple due to Gibb’s phenomenon is about 18%. In
proposed Class IV filter the passband ripple is 1.49% for the filter order 701 and decreases for

higher filter order. Filter synthesis and design steps are given in Appendix A.6.1.4.
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Table 2.5
Variation of passband ripple and stopband attenuation with filter order for transition
bandwidth of 0.01n and passband edge of 0.666n with slope equalization for proposed Class
IV FIR filter.

Filter Order 301 401 501 601 701 801
Passband
Ripple in dB 0.33 0.21 0.2 0.197 0.129 , 0.088
Stopband
Attenuation 32.8 36.46 36.53 36.77 40.3 42.85
indB
Table 2.6

Variation of transition width with filter order for passband ripple of 0.2dB and stopband
attenuation of 40dB for passband edge of 0.6667 with slope equalization for proposed Class
: IV FIR filter.

Filter Order 351 701 1401
Transition 0.022n 0.010x 0.0052
width
Table 2.7

Variation of passband ripple and stopband attenuation with filter order for transition width of
0.017 and passband edge of 0.333r with slope equalization for proposed Class IV FIR filter.

Filter Order 301 401 501 : 601 701 801
Passband
. . ) .084
Ripple in dB 0.324 0.21 0.2 0.1965 0.129 0.08
Stopband
Attenuation 32.65 35.54 36.04 36.04 40.2 42.05
indB
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Fig. 2.12. (a) Magnitude response of the proposed Class IV lowpass filter (b) magnified view

of the passband (c) Impulse response sequence (d) Phase response.
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2.9 Class V FIR Lowpass Filter with Equiripple Response, Linear
Transition and Variable Density Ripple Cycles

2.9.1 Filter model and design

In this section, the formulation of linear phase, sharp transition lowpass FIR filter model
with equiripple response and its design is presented. The transition region is linear and the filter
design parameter k,, is varied over the passband and stopbands in this design. The filter model
magnitude response H,, (o) is as shown in Fig.2.16. In the proposed model, the various regions of

the filter are modeled using trigonometric functions of frequency as follows.

The passband region, consists of two sub-regions whose frequency responses are given by

8 .
Hpm((o)=1+—2p-coskp0(o, 0<0<ay (2.119)
)
Hpm((o)=l+7pcoskp((0-(0po), epg S@s0, (2.120)

5
where H_(0)=1+—LX and H_ (0 )=1
pm 2 pm""p

where, as usual o is the frequency variable, H (0)is the pseudo-magnitude of the filter

response, 8, is passband ripple, kj, and k > are filter design parameters , ® , is the passband edge

0
and @ is an intermediate frequency in the passband such that 0< ®po <Op-

In the linear transition regioh, the frequency response is given by

(@-0.)

Hpm((o)=1-[ P ] , 0p SO0, ' (2121

(@, - cop)
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: o
where @, is the frequency at which H,, (0) is zero , i.e. Hpm (@,)=0 .Also Hpm ()= 1-—5'-)—

where o, is the cutoff frequency

The stopband region, consists of two sub-regions in which the frequency responses are given by

8

Hpm(m)=——2§-sinkp(m-mz), 0, Sosag (2.122)
S

Hpm(m)=——2—coskp0(m-mso), Oy SO<T o (2.123)

where 3§ ; is the stopband attenuationand g, is an intermediate frequency in the stopband such
that og<ag <n .

) )
Also Hpm (@)= —25— and Hpm (o) = ——25— where @ is the stopband edge frequency.
For the Class V lowpass filter design,
The stopband region [ o 2°®50 ] of the filter model possesses (m + %) number of ripple cyclesand
is characterized by filter design parameterk , . Therefore,

ko, -a,)- 21!{m " %) 2.124)

where m is a integer.

From (2.124) we get, sink fo -0 )=1 (2.125)

The passband region [ @

00°®p ] of the filter model possess (m + %) number of ripple cycles

and is characterized by filter design parameterk , . Therefore,
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Ky (0 - @) = 21t(m N %) (2.126)
From (2.126), sink (0, -@,) =1 " (2.127)

112
From (2.126), 0)p0=0)p-(m+z)-l;:—:- (2.128)

The passband region [o,mpo] of the filter model possesses ‘n’ number of ripple cycles (n is an

integer) and is characterized by filter design parameter k. Therefore, K 0@y =270

2mn

The filter design parameter k4 = — (2.129)
po

2.9.2 Slope Equalization

Slope equalization technique is applied to the filter model which further improves ';he
performance of the filter. The filter design parameters are evaluated by equalizing the slopes of
the pseudo-magnitude response function at both the ends of the transition region. Use of variable

filter design parameter k;, further reduces the effects due to Gibb’s phenomenon and hence

reduces passband ripple and improves stopband attenuation.

] d _
Using (2.120), slopeato, = -d—m-[Hpm (0))] w=o,

d )
=-d—0—)- l+-—2r—’-coskp(0)-0)p0)

o
= ——2-?— k, sink, (@, -@,) (2.130)

Substituting (2.127) in (2.130),
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—kpsp

2

Slope at @, = (2.131)

Since the transition region [0,,®,] is linear, the slopes of the frequency response at ®,,

@, @ and @, are identical. Thus transition region slope of the magnitude response H,,, (@) can

be variously given as

Y %

- - - (2.132)
(o¢ 'mp) (0 ’mp) (o5 'mp) :
Equalizing the slopes at @p and o, using (2.131) and (2.132) we obtain,
k & 1
PP_ (2.133)
2 (0~ mp)
. 2
Using (2.133) we have, o, =, + 3 (2.134)
PP
g d| o
Using (2.122) and simplifying, slope at ®, = o -—2i sinkp (- ;)
@
-k 8
=—F> 2.135
> (2.135)
Equalization of slopes at @, using (2.131) and (2.135),
- -k
Ky, - s (2.136)
2 2
Simplifying (2.136), we obtain, 5, =3, (2.137)

Eq. (2.137) outlines the symmetry of the response. Equating the slopes at ®, and ®,using

(2.131) and (2.132) we obtain,
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(2.138)

(2.139)

(2.140)

Using (2.138) and (2.140) , we obtain the filter design parameter

P (og-0)

(2.141)

2.9.3 Expressions for Impulse Response Coefficients

Referring to filter design theory of section 2.4, the impulse response coefficients h(n) for

the lowpass filter are obtained by evaluating the integral below.

h(n)= -;E-P?Hpm (®) cosko do ]

.0

(2.142)

®pg o o
h(n)= -1}1;- .[HP"' (@) coske do+ .[HP"‘ (®)cosko do+ ijm (@) cos ko do

LO

50
+ J'Hpm(m)coskm do+
[0}

Do

z Wgo

mn”

[0

J Hom (0)cos ke do

P

] (2.143)



wheren=0,1,2,...... , —I\% for N odd

n=0,1,2,...... ,—I;——lforNeven and k=(¥—n)

[0} (0]
11" ) ) 8
h(n):;l I [l+3&coskpom]coskm do+ I[l+33mskp(m-mw)]cos ko do

0 Wpo

o, (m-a)p) @y 55 .
+ I 1~ @, o) coskmdm+mj' —7smkp(a)-a)z) coskon do

L3 S .
+ I ——zs-coskpo(a)-a)so)] cos ko do (2.144)

D50
Evaluating (2.144) the expressions obtained for the impulse response coefficients h(n) for the
lowpass filter are

[8,ksin(k ©,)] . Sp[kpcos(k @) +ksin (k )] _ [cos(k w_) — cos(k ©p )]
2n(k " —k?) an(k,” —k?) k(0 ~o.)

h(n) = -

sp[ksin(k @)~k cos(k @, )] . ap[ksin(k @) +Kposin k4 (7~ 0g)cos(kn )]

+
2n(k,” —k?) 2nky” —k?)

8
+——LF [k cosk (- 0g)sin(kn ) ] (2.145)
21c(kp02 —k2)

Eq. (2.145) is valid for N even where k is a non-integer. For N odd (2.145) is valid 'exc‘ept fork=
0, k =k, and k = kyo. |

For N odd, k = 0 we obtain,
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5 :
N-1) 1joztop p .
h| — |=— sink o (7 - o, 2.1

For N odd, k = kp we obtain,

d—r s . _ .
k sm(kpmso) + kposm kpo (n mso)cos (kpn) kpcoskpo(n - mso)sm(kpn)

2 2. P
27t(kpo -k°)

F [cos(Zk -k @ )—cos(k ® )]
P ps0 "pz P z)] .
L %, = + (mso - mz)sm(kpmz) (2.147)

For N odd, k= k ,, we obtain,

(8«)0) Skcos(k 'co)
T R o e

4n 27[(]( 2_, 2)
p pO

[cos(kpo mz) - cos(kpo mp)] Sp [kposm (kpo‘”soJ - kpcos(kposz]
+

k 2o, -0 2_, 2
p0 ( z p) 2 kp pr

3, lsin(kaon—- kg )—- sin(kpooaso )] 8,
an 2k +I1E[("'°’s° Jeos(k 00, | @us

74



2.9.4 Filter Synthesis Results

Design Example: A lowpass linear phase sharp transition FIR filter is designed for the desired

filter specifications: Passband edge o, is 0.6667, transition bandwidth (o, -o,) is 0.01x,
maximum passband ripple 8 is +0.1dB (0.2 dB) and minimum stopband attenuation 5, is40dB

using the proposed Class V filter design approach.
The filter is designed using MATLAB with program MLP-6. The filter specifications
obtained by measurement of the magnitude response of the filter using Signal Processing toolbox

are passband edge o,= 0.6667x, cutoff edge .= 0.6668 7 ,stopband edge o,= 0.6767x,

transition bandwidth (o,-w_) = 0.01 , passband ripple 6p= 0.13dB and stopband attenuation

5= 40.19dB are obtained for a filter order of 701. It is observed that the desired filter

specifications are obtained. The magnitude and impulse response of the proposed lowpass filter
obtained is shown in Fig.2.17. Table 2.8 depicts the performance of the filter. Class V also gives
the best filter performance for a given filter order compared to all filter models developed i.e.
Class I, ClassII and Class I1I filters with no appreciable change in filter performance compared to
Class I'V. But peak passband ripple is reduced compared to Class IV filter indicating the further
reduction of Gibb’s phenomenon with this ﬁiter design. For conventional FIR sharp transition
filters the peak passband ripple due to Gibb’s phenomenon is about 18%. In proposed Class V
filter the passband ripple is 1.47% for the filter order 701 and decreases for higher filter order.

Filter synthesis and design steps are given in Appendix A6.1.5.
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Table 2.8

Variation of passband ripple and stopband attenuation with filter order for transition
bandwidth of 0.01 © and passband edge of 0.666x with slope equalization for proposed Class

V FIR filter.
Filter Order 301 401 501 601 701 801
Passband '
Ripple in dB 0.337 0.192 0.19 0.189 0.13 0.085
Stopband
Attenuation 31.96 35.2 35.71 36.46 40.19 43.01
indB
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Fig. 2.17. (a) Magnitude response of the proposed Class V lowpass filter (b) Linear plot (c)
magnified view of the passband (d) Impulse response sequence.



2.10 Comparison of Various Proposed FIR Filters with
Conventional FIR filters -

For comparison of proposed FIR filter design with filters designed using conventional
techniques, consider the design eﬁamplé of the proposed FIR filter. Using our proposed approach,
the desired filter specifications are obtained for a low filter order of 701 without any optimization
technique being used. In window method, the cutoff is at 6 dB. Such a large passband ripple is
undesirable and does not meet the desired passband ripple specifications. In frequency sampling
method, it is found that for obtaining the desired filter specifications the minimum FIR filter order
required is 1025 which is large compared to proposed approach. In Remez approach, which
employs optimization techniques, to obtain the desired filter specifications the filter order required
is 401. But in this case closed form expressions for impulse response coefficients cannot be
obtained because optimization techniques are used. Qur proposed filter can be also used as an
initial filter for optimization which may then match the filter order obtained in Remezv approach.
Also, if the filter is suitably truncated it will reduce the filter complexity appreciably with
minimum deterioration in passband ripple and stopband attenuation. As seen in Table 2.9 and Fig,
2.19, peak passband ripple due to Gibb’s phenomenon is drastically reduced for the pfoposed
lowpass filters with class V filter having the least peak passband ripple of 1.47% for a filter order
of 701 and decreases for higher filter order. In conventional filter design peak passband ripple is
fixed at about 18% and does not decrease with filter order. In the proposed approach as seen in

Table 2.9 peak passband ripple reduces with increase in filter order.
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Table 2.9

Peak passband ripple for conventional FIR filter and proposed FIR filters for various filter
orders to illustrate reduction in Gibb’s phenomenon.

Filter % Peak Passband Ripple

Order Conventional | Class I | Class I| Class HI* | Class IIT** Class IV|Class V
301 18 5332 | 6376 | 4950 | 4.600 | 3.80 |3.79
401 18 1485 | 3939 | 1370 | 1088 | 1.66 |1.655
501 18 0683 | 2727 | 0722 | 0840 | 229 |2260
601 18 1241 | 2720 | 1249 | 1230 | 228 | 2220
701 18 0991 | 2310 | 0920 | 0700 | 149 | 1.473
801 18 0401 | 1897 | 0351 | 0342 | 1.03 | 0970
901 18 0220 | 1733 | 0206 | 0350 | 124 |1210
1001 18 0465 | 1598 | 0510 | 0450 | 128 | 1.260

*  Without slope equalization
** With slope equalization
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Fig. 2.19. Bar chart showing peak passband ripple for conventional FIR filter and various
proposed FIR filters for a transition width of 0.017 and filter order 701.
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2.11 Conclusions

Various proposed sharp transition, linear phase, lowpass FIR filters are designed. Various
regions of the filter are approximated with trigonometric functions of frequency. The design
possesses closed form expressions for impulse response coefficients of the filter and its transfer
function is evolved in frequency and time domain.

A novel technique is devised to reduce Gibb’s phenomenon. Equations are derived for
slopes of the frequency response of the filter, at the edges of the transition region and the slopes
are matched. The filter design parameters of the model are evaluated by equalizing the slopes of
the pseudo-magnitude response function at both the ends of the transition region. Itis proved in
the proposed approach that equalizing the slopes at the edges of the transition region makes the
proposed function of frequency continuous between a pair of adjoining regions defined by the
model equations and hence reduces the effects due to Gibb’s phenomenon thereby reducing
ripples at the edges of the transition region of the filter. Comparison is made with filters designed
with the same set of specifications without slope equalization and it was found that the ripple at
the transition edges has reduced with slope equalization. This reduces passband ripple and
improves stopband attenuation of the filter as observed in Class III filter without and With slope
equalization.

This proposed design approach is without optimizations and hence computation is reduced
unlike filter designs based on optimization techniques. In the proposed filters, if the impulse
response sequence is suitably truncated subjected to a finite word length there is a appreciable
reduction in filter order with marginal deterioration in filter performance i.e. increase in passband
ripple and decrease in stopband attenuation. The proposed filters performance is better compared

to window and frequency sampling techniques and simpler than optimum filter design without

82



the need for optimization and complex computational procedures. Peak passband ripple due to
Gibb’s phenomenon is drastically reduced for the proposed lowpass filters and decreases for
higher filter order. In conventional filter design peak passband ripple is about 18% and does not
decrease with filter order.

The proposed design approach is found to compare favorably with frequency response
masking techniques [7] in terms of sharp transition, least passband ripple and good stopband
attenuation with least filter order. The proposed filter design approach is a direct one without
subfilters and filter optimizations and closed form expressions for impulse response coefficients
are obtained unlike FRM approach where four subfilters are to be synthesized and are to be
optimized. With the proposed approach sharp transition filters for any narrow transition
bandwidth can be synthesized. The actual filter length (inclpding zero and nonzero coefficients)
and delays in FRM approach is higher than our approach to meet a given filter specification.

Lesser group delay which is very much desired particularly in speech processing applications.
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Chapter 3

SYNTHESIS OF SHARP TRANSITION LINEAR PHASE DIGITAL
BANDPASS FIR FILTERS ¢

3.1 Introduction

Various approaches for the design of sharp transition FIR bandpass filters have been
dealt in literature. In many of these bandpass realization schemes, the location of the passband
as well as the passband width are critical factors affecting the design procedure and the
resulting filter implementationgf %]harp transition bandpass filters reported in literature
generally involve design of component lowpass and highpass filters to realize them. An
approximate analytical characterization for a wide band sharp transition bandpass filter
realization using FRM approach is dealt in [25]. The component narrow band lowpass and
highpass filters of the bandpass filter are implemented using the Interpolated FIR technique. In
this case, the frequency specifications for the two component filters depend on the edge
frequencies. of the desired band pass filter. The two component filters are approximately of the
same length as they have the same transition bandwidths. But they have to bé designed
separately because their passband bandwidths are different depending upon the location and
bandwidth of the desired passband of the baﬁdpass filter. The two component filters may have
to be redesigned if the center frequency of the bandpass filter is changed. Approximate
expressions for the value of interpolating factor and filter hardware required are derived which
minimizes the total arithmetic hardware used in the overall bandpass realization. Two branch
structure realization [15] is used which is computationaliy more efficient than the conventional

direct form realization with a moderate increase in the number of delays. The value of

interpolation factor depends on the center frequency of the bandpass filters. As the

84



interpolating factor is increased, the computational complexity of the shaping filter decreases
and that of the interpolator increases. Theory and approximate design is developed in [26]
along with formulas that enables to design the overall bandpass filter with minimal
computational complexity. The filter structure utilizes the symmetry of the coefficients to
reduce the number of multipliers in the linear phase case and shares the same set of delays
between the two branches in a two branch structure. As each of the two branches is essentially
an IFIR filter, the overall filter has good roundoff noise and coefficient sensitivity properties.
The two branch method can be used for the design of symmetrical and nonsymmetrical
bandpass filters.

Another approach for the design and implementation of computationally efficient
symmetric bandpass FIR filters is described in [26]. The implementation takes the form of two
parallel, real, quadrature filter branches with each branch derived from a complex modulation
of a lowpass Interpolated FIR filter prototype by complex exponentials. The input data stream
is explicitly modulated with a sine /cosine sequence in order to achieve the desired frequency
shift in the frequency response. Practical design rules for design of optimal FIR digital
bandpass filters using a program is dealt in [26]. A problem of practical interest is to find the
lowest order filter, which satisfies certain maXimum ripple requirements in pass and Stopbands.
To study the effect of the center frequency on the bandpass filter order, a large number of
filters were designed to meet different ripple requirements. The filter order was observed to be
nearly independent of passband width but is largely dependent on the transition bandwidth.

A new direct technique is proposed for synthésis of a sharp transition, equiripple
passband, and linear phase bandpass FIR filter with low arithmetic complexity from a model of

pseudo-magnitude bandpass response with equiripple passband, equiripple stopband and linear
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transition region. Sharp transition bandpass filters reported in literature generally involve
design of component lowpass and highpass filters to realize bandpass filters. Also
specifications of component filters i.e. lowpass and highpass filters are to be redesigned for
any change in center frequency and passband width of the desired bandpass ﬁlter. The
proposed technique radically departs from this approach. The frequency response of the
proposed filter with narrow transition width is modeled using trigonometric functions of
frequency. Slopes of the response are matched at the edges of the transition region, which
makes the proposed function continuous and hence reduces the effects due to Gibb’s
phenomenon thereby reducing passband ripple of the filter. Expressions for impulse response
coefficients are derived, coefficients obtained and simulation of the bandpass filter is carried
out. The bandpass design is adaptable to any change in the center frequency and passband

width.

3.2 Digital Bandpass Filter Model I and Design

In this section, the formulation and design of a linear phase, sharp transition bandpass
FIR filter model with equiripple passband, stopband and linear transition region is presented
[27]. The filter is designed for arbitrary center frequency and passband width. In the proposed
bandpass [ filter model the various regioné of the filter are modeled using trigonometric

functions of frequency as follows. The filter model magnitude response H , (@) is as shown

in Fig. 3.1.

In the passband region the frequency response is given by,

Hpm(o))=A(,(1+§21coskpb (m-mb)) , (0p —0,)s0< (0, +0,) @3G.D)
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where @ is the frequency variable, H , (®)is the pseudo-magnitude of the bandpass filter
response, Ao is the filter gain parameter , 8 is the passband ripple, k, is a filter design
parameter, o, is the center frequency and o, is half passband width of the bandpass filter,
H,, (o, t®,)=A¢,and (@, tw,) are the passband edges of the bandpass filter.

In the transition region the frequency response is given by,

Hpm(m)=Ao[l—%t)L") j| , (0, +0,)<eo<(o,+0,) 3.2)
and H (0)= Ao[l __(ﬂ’_'_(fp)_'(ﬂ } , (0,-0,)S0s(0,-0,) 4 (3.3)
(mz -mp)

In the stopband regions the frequency response is given by,

) .
Hpm(m)=—7sAosmkpb(m-(mb+mz)) , (mb+mz)5m5n (3.4)

) .
Hpm(a))=——25- Agsin kpb((mb —a)z)-a)) , OSms(mb —-mz) (3.5)

where 3gis the stopband attenuation and (@, +®,) are the frequencies at which H, () is

zero which lie close to but beyond the edge of the stopband. Similarly (o, to,) are

;-
cut-off edges at which H,, (@)= Ao( ——lj .

2

At cut-off edge (0, —,), Hy, (@)= Ao[l —% ] ' (3.6)
. ( -0 )' ( - mc')

Using (3.3), Hym (@ —0,) = Ao[l G < m“:; ) ] (3.62)

Equating (3.6) and (3.6a) and simplifying we get,
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Fig.3.1. Illustration of proposed bandpass filter model I with equiripple magnitude response
and linear transition region.
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8, -
0, =0, - 1-—3— (0, -0,) 3.D

Using (3.3), Ho (0, ~0,) =25 = A,|1- (@, -a,)- @, -0,) (3.8)
2 ((02 'mp)
( 8%)((02 -(Op)
Simplifying, o, = o, - (3.9)
_ A,
(o, T ,) are the stopband edges at which Hy(0)= 8—25 ‘
Using (3.7) and (3.9), we obtain the transition region width -
8 (5,/2)
-0,)=(0, - -2 -2 3.10
(0, ~o,)=(a, mp)[( 2) A, (3.10)

3.2.1 Slope Equalization

The parameters of the model are evaluated by equalizing the slopes of the pseudo-

magnitude response function at (mb + cop) and (@, £, ). This allows the proposed function to

be continuous at the extremes of the transition region thus reducing the effects due to Gibb’s
phenomenon.

Using (3.1), we obtain,

Slope at (@, +®,) = %[Hpm (m)]

o=(ay, +a,)

d 5,
“ i A, 1+?coskpb (0-o,)

®

A p

kyp sin Ky 0, | @3.11)

Using (3.1) and also from the filter model we have,
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)
H (0, +0,) = AO[I +—23005 K p0, } =Ap

Simplifying, cosk,w, =0 and sink,®, =+tl. Positive sign is used to yield the negative
slope, i.e., sin ko, =1 3.12)
Substituting (3.12) in (3.11) we have,

—kprpAo

Slope at (o, +®,) = 5

(3.13)

Since the transition region [(®, +®,),(®, +®,)] is Iihear, the slope of the frequency

AO
(0z- 0)p)

response at (0, +®,) = ~ (3.14)

Equating the slopes at (o, +®,) and (@, +®,) we obtain from (3.13) and (3.14) we obtain,

2 1
Koy =—|: jl (3.15)
P 5,0, -0, |
Substituting (3.10) in (3.15) we obtain
2 8,) (8,/2)
k, =—————||1-L [~ == 3.1
P> 8p(c')s_'coc)l:( 2] AO ] ( 6)

From (3.15) we obtain,

+

P 8, Kpp

W, =0

(.17)

3.2.2 Expressions for Impulse Response Coefficients
Referring to filter design theory of section 2.4, the impulse response coefficients h(n)

for the bandpass filter are obtained by evaluating the integral below.
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h(n)=— ?Hpm(co) cos ko dco:l (3.18)
0 .

Oy =0, (07 S
h(n)=—- ijm(m)cos kodo+ jH (0)cos ko do
T

O,-0,

@+, O, +a),
+ j Hpm(co) coskodw+ ijm(m) coskodw+ IHpm(m) cos ko dco]

Ay —(!)p oy, + (!)p Oy, +0,

3.19)

1|7 8A, .
h(n)=-1; I— > smkpb((cob—coz)-co)coskcodco
0

Oy— (C‘)b ®,)- Cl)) A+, 5
+ j [ —-—EE%DP)— cos ko dco.+ j Ao[l +7pcos kpy (0- o )]cos kodo

©y-0, Oy,

(mz - c‘)p)

D0 o- (0, +® k ‘
+ I Ao{l—[——(—'z—-—pz:“coskcodcw I 3 sin kpb[co-(cob+coz)] cos ko dco]

Oy + (!)p Oy +0,

(3.20)

where n=0,1,...... , Eé:l for N odd

n=0,1,2......, —12\1—1 for N even and k=-(-§2-—1)—

Evaluating (3.20), the expressions obtained for the impulse response coefficients h (n) for the

bandpass filter are,

Ayd, cosko
h(n)= chs—)b[ pbSink @ cos ka, -keosk @ sin kco ]

(kpb
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Aoss kpb

+ ———"—]cosk,, (0, —®,)-cosk(®, —®
ey [ 0Fkn (@ ~0,)-cos k(0 ~a,)]

Ag

(o, —a.) [cos k(0, -0,)-cosk(w, —0,) +k(o, - 0,) sink(e, —,) ]
2z~ %p

Ag

Ko, —0) [cos k(ay +@,) - cos k(o, +o,)-k(e, - o,) sink(w, +@,) ]
2z~ %p

“085
=21k .cosk {n-(00, +®. ) Jcoskn-k cos k(o, +®
2n(k§b—k2)[[ P pb( (@, _ z)) P (@, Z)]

+ksink (m- (o +@,) )sin kn]+ % cos ko sinko, (3.21)

Eq.(3.21) is valid for N even where k is a non-integer, for N odd (3.21) is valid except for
k=0and k =k

ForNodd, k=0,

N-1 Agd
h( ): 0s [cosk b(ﬂ:-(cob +m,) )+cosk (0, —@ )—2]
2 ) omk, " P ’

. Ay(a, +a,) . Agdsink 0,
T nk

(3.22)
pb

For N odd, k =k
| N-1 N-1 Agd,

AO
ko (0, ~©,)

[(mb —mz)Sinkpb(mb _mz)]

[cos k(@ —0,) -cos k(@0 —0,) + K (0, —@p)sink (@, —cop)]

. Ay, [sinkabcopcos k0,

4n Ko

+2@,c0s kpbcob:l + ﬁcos k,,@,sink , @,
pb
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Ag

+ 2
kpb TI(COZ —mp)

[cos kpp (@, +®@,) - cosk (0, +0,) ~k,p (0, - o, )sink , (0, +®,) ]

Aqd. | cos2k -k, (0, +®,)—cosk ;. (0, +©®
+—0s ot~ Kpo(@p + ) po (@ + ©2) +[n- (0, +o,)kink 4 (@, +®,)
4n 2k y

(3.23)

3.2.3 Filter Synthesis Results
Design Example: A bandpass linear phase sharp transition FIR filter is designed for the
desired specifications of center frequencies, passband widths and transition bandwidths as
specified in Table 3.1. The maximum passband ripple is +0.1dB (0.2 dB) and the minimum
stopband attenuation is 40dB. |

The filter is designed using MATLAB with program MBP-1 and measurement of various
filter specifications is done using MATLAB?’s Signal Processing toolbox. Results approximate
the desired filter specifications closely with low filter order with the desired passband widths,
center frequencies, passband ripple and stopband attenuation obtained as shown in Table 3.1.
The magnitude, impulse and phase response of the proposed bandpass filter with center

frequency ®,= 0.444n, passband width ®,= 0.6667x, transition bandwidth (o,-0,) =
0.011 =, passband ripple 8,= 0.144dB and stopband attenuation & = 39.4dB obtained for a

filter order of 701 as shown in Fig.3.2. Table 3.1 depicts the performance of the bandpass
filter. From Table 3.1, it is observed that the bandpass filter design is adaptable to any change
in passband width (wideband to narrowband) and arbitrary center frequencies. Filter synthesis

and design steps are given in Appendix A6.1.6.
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Table 3.1

Proposed bandpass I filter performance for various passband widths, center frequencies and

transition bandwidths with required order for filter realization.

. Transition Center Passband Passband Stop bapd

Filter Order | pangwidth | Frequency width ripple in dB aﬁ?ﬁ‘:iag on
451 0.02.15 T 0.6667 n 0.5556 = 0.113 41.40
225 0.0418 = 0.6667 n 0.5556 0.114 41.57
701 0.0110= 0.4444 n 0.6666 n 0.144 39.40
451 0.0209 = 0.3333x 0.2778 = 0.108 41.59
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Fig. 3.2 (a) Magnitude response of the proposed bandpass I filter (b) Magnified view of the

passband (c) Impulse response sequence (d) Phase response.
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3.3 Digital Bandpass Filter Model II and Design

In this section, the formulation and design of a linear phase, sharp transition bandpass
FIR filter model with equiripple passband, equiripple stopband and variable density of ripple
cycles in passband and stopband regions of the filter is presented. Filter model is such that
large density of ripples are introduced in the regions where discontinuities are present to
increase the sharpness of the transition and a non-ideal frequency response modeled without
any abrupt discontinuities is used to reduce Gibb’s phenomenon. The filter model magnitude
response H (@) is as shown in Fig. 3.3. The filter is designed for arbitrary c;enter frequency
and passband width. In the proposed filter model, the various regions of the filter are modeled
using trigonometric functions of frequency as follows.
In the stopband region, 02 0(0p —0) the frequency résponse is given by

3

Hpm (@) = _zicos [kpo((cob —0)- co)], 0<0< (B, —0) (3.24)

where @ the frequency variable, H,, (®)is the pseudo-magnitude of the bandpass filter
response, & is stopband attenuation, ®,is the band center frequency ,(®,—®g) is an
intermediate frequency of the stopband such that 0 < (@, —0y) < (@, —®,) and kg is the
filter design parameter in this region. At frequencies (0, £ @) , the filter design parameterk

3

=5
changes and Hpm(m)_ 2

In the stopband region, preceding the passband i.e. (®, —®y)< 0 <(®, —®,) the frequency

response is,
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Fig. 3.3 Illustration of proposed bandpass filter model II with equiripple magnitude response,
linear transition and variable density ripple cycles.
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5 :
Hpm(m) =7scos [kp(m-(wb —wso))] s (0 —0g) <0< (0p —0,) (3.25)
In the transition region, (@, —®,)<o< (a)b - mp) the frequency response is,

w-(mb —wz)

HPm(m) =|: (mz -0 )

:|, (@, —0,) < 0<(0y —0p) (3.26)
P

®, is half passband width of bandpass filter, (®, t®,) are the frequencies at which
H, (@) is zero which lie close to but beyond the edge of the stopband and (w, tw,) are the
passband edges at which H , (w)=1.

In the passband region, (0, -®,)<w0< (mb —mpo) the frequency response is,

é
p .
Hpm((n)= 1 +7sm[kp(m e o, ))] , (@p—0))<o S (o —mpo) 3.27

dpis passband ripple, kp is the filter design parameter and (mb :tmpo) are intermediate
frequencies in the passband at which filter design parameter kp changes.

In the passband region, (@, —@y)<ses @, the frequency response is

é .
Hpm(m) =1 +-2£cos[kp0(m (@, - mpo))] » (@y—@p)Soso (3.28)
In the passband region, @, SOS(Q, +0y) the frequency response is

Sp
Hpm(m)=1+7cos[kp0(w—wb)], o, S0 (0, +0y) (3.29)

In the passband region, (®,+w®y)so<(0,+w®,) the frequency response is

é
Hpm @)=1 +-?pcos[kp(m-(wb +wp0))] » (0 +0p) S0 S(0, +0,) . (3.30)
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In the transition region, (®, +0,)<0s(e, +o,) from the frequency response is

[m -(mb + mp)]

(@,-0)

In the stopband region, (0, +®,) <0 <(®, + ®,;) the frequency response is

)
Hpm(m) = ——zs—sin[kp(m-(mb +mz))] s (0p+0,)S0<(®), +0g)

In the stopband region, (o, +®) < o <= the frequency response is

8

Hpm(m) = —is-cos[kpo (m- (mb + mso))] , (O +ogp)<osn

(3.31)

(3.32)

(3.33)

(o +o ) is an intermediate frequency of the stopband succeeding the passband such that

+ < <7,
(mb mz) mso T

The bandpass filter design, has three regions in the passband and possesses a total of

(n+1/2) cycles of ripple in the entire passband. In the proposed model, the first region

possesses (m+1/4) cycles of ripple where m is an integer and ranges from (mb—mp) to

(mb - 0). It is characterized by filter design parameter k, The second region possesses
p .

(n-2m) cycles of ripple where n is an even integer and this region spans the frequency range

from (mb - 0) to (mb +mp0 ). It is characterized by filter design parameter kyo The third
p

region possesses (m+1/4) cycles of ripple where m is an integer and ranges from (mt; + mpo) to

(mb +a ). Itis characterized by filter design parameter k;,
P

For the bandpass design we have,
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kp (0y — ©,)=2n(p +3/4) where p is a positive integer

From (3.34), 0g0= o_ +§‘("k—+3’i‘2

P

Also, ky( a)p - copo = 21:(m +1/4)

_ 2n
From (3.35), mpo—mp-r(m+l/4)

p
Also, k o =21:(n/2-m)
p0 pO
From (3.37), k = 20/2-m)
p0 po

From (3.34), (3.35) and (3.37)

coskp (0 —®,)=0 i.e. sinkp (05 —®,)=-1
coskp (@, —@y)=0 1€ sinkp (@, —®5)=1

cosk 0@ o =1 i.e. sink ;@50 =0

where p, n, m are integers and assumed where n must be even.
In the bandpass filter model we have,
8

P

)

(3.34)

(3.35)
(3.36)
(3.37)

(3.38)

(338&)

P as 6l"
=l1+— = == H b =1-— an
H (o o 0) [1 ),H (® i(oz) 0,H (o i:coso) (0 (oc) : d

8,
Hpm(cob i:cos) = ?
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3.3.1 Slope Equalization
The parameters of the model are evaluated by equalizing the slopes of the pseudo-

magnitude response function at (@, * ®,) and (®, £ ®, ). This allows the proposed function to

be continuous at the extremes of the transition region thus reducing the effects due to Gibb’s

phenomenon.
Slopeat (o, +®,) = i[H (co)] -4 1+f-p— k [ + ]

P b T )= o tpm 0=, +9,)  dap ) cos p co-(cob copo)

o=(0, +ap)
-k 8
= %P sinkp(cop - @y)

. —kpap

Using (3.38a) we get, slopeat (0, +©,) = — (3.39)

Since the transition region [ (@, +®,),(®, +®,) ] is linear,

1

(0,-0,)

slope at (0, +®,) =— (3.40)

Equating the above slopes at (o, +®,) and (©, +©,), using (3.39) and (3.40),

-k 6 1
pop (| _ 341
( 2 ) ( (coz-cop)) | 3.41)

Simplifying (3.41), 0, =0, + 2

(3.42)
kpap
_ 4 ] _Aal [ ]
Slopeat (0, -0,) = i H,, (@) m=(mb-m.,)_a_0_)' 1‘+—5—sm p(o-((ob—(op)
0=(wy -0, )
kpap [ ]
= 5 cOSkp m-(mb —(op) (°=((°b _mp)
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k
=[ pap) (3.43)

In the linear region, (@, -0©,) <0< (0, -a,),

1
o o) (3.44)
z"%p

Slope at (0, -®,) =

Equating the slopes at (0, ~®,) and (@, ~®,) we obtain,

k.5
( , pjz 1 (3.45)

2 (0, -0,)

Using (3.32) slope at (0, +®,) ,

d d ) '
- [Hpm( )] o=@y +0,) do [— zs smkp @-(0, +o, )]:}
m“((‘)b +(°z)

kPBS
= 2 coskp [m - (u)b + mz)]

= - k”ss 3.46
=173 (346)

Using (3.25) slope at(w, —©,)

' )
-d%[Hpm( )](n"((% z)ndi[~c°5kp(m'(“’b —“’SO))]

(°=((°b ‘(‘)z)

k &
~__PS

sink_ (@ - ;)

= (k_vf’_) G
2

The magnitudes of the slopes at (mb t u)z) are equal as seen in (3.46) and (3.47).
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d
Also, H (@0, +0,)=1- 7‘” . (3.48)
From the linear region relation, using (3.31)

[(mb+m )—(mb+m )] O -0
H (@,+0,) =1- (° - Ploy.—& P (3.49)
p ®, mp) (mz—mp)

Equating (3.48) and (3.49) and using (3.41) we get,

0, =0 +— (3.50)

3
Also, as stated earlier, H (@ +0)= 7‘” (3.50a)

Using the linear region (falling edge), we obtain from (3.31) and (3.50a),

[(mb +(os)—((ob +mp)] s

=1_1 =P
Hpm(a)b +a) =1 o —o)) 5 3.51)
z p
Simplifying (3.51) and using (3.42) we get,
1 _ 2
0 =0 F =0+ (3.52)
p PP
1 2
From (3.52), o, =0, T ‘s (3.53)
P PP
From (3.50) and (3.53) we get,
2| 1
(0 ~®,) = k—(——lj (3.54)
P 3,
In the bandpass filter model, @ -0) is the transition region width.
1
Z[TJ
From (3.54), k =———% . (355
rom (.54), -k, =5y (3.55)
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3.3.2 Expressions for Impulse Response Coefficients
Referring to filter design theory of section 2.4, the impulse response coefficients h(n) for the

bandpass filter are obtained by evaluating the integral below.

h(n)=-1— [Hom(@) cosko dco} (3.56)
T
L0
‘%“Dso Oy =0, Qp—w,
h(n)=— I H,, (@)cosko do+ IH pm(®@) coskodo + .[HP'“ (0)coskado
T
L Wp =050 Op =0z
p —0pp o Qp+@pp
+ I H,,(®)coskodo+ ijm (0)coskodo+ J' H,,(®0)coskado
Oy~ Wp—Wpo oy
(Db+(1)p W, +0,
+ j H,,(®)cos ko do + .[Hpm (®) cos ko do
Wy +0pp o+
O +Wg0
+ I pm(®) cosko do+ IHpm (w) coskao deo (3.57)
Wy +0, @y, +0g9
1 (0% (l),o 5 @y -, as
h(n)=— - 5[ 5 coskpo[(a) 0)-0)]003 ko d®+mb_'[,so_;008kp - (o, —mso)]cos kodo

T T

cosko do+ 1+—=sink [m-(m -0 )]}coskm do
2 P b p

©y-0, [(m -® ) W=
S - W+ Sp
p
£ (0, - cosko do+ 1+——cosk _(®-o,)coskodn
+ _[ 1+ " COSpr_m (mb mpo)] o d j 5 cos pO( b)
m.,-mw
ay+o, s @y +0, [m- (a.)b +m ):l

+ I 1+-E cosk [m-(mb+m 0):|coskco do+ j 1-*=—————=cosko do
O, +@p0 2 P P . eptae, [(mz—mp)]
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+%T0-%ssink[ (o.) +o )}:oska) do+ I -8—-cosk [ (o.) +o )]coska) do

@, to, @y +0yg

(3.58)

where n=0,1,...... , -T-l for N odd

n=0,12...., —I;——l forN even and k=—(E2;1)—n

Evaluating (3.58), the expressions obtained for the impulse response coefficients h(n) for the

lowpass filter

kcos(k
h(n) = __99_5(_922 [ 1 1 2)][Spsin(k(opo)-fisSin(kmso)]

2 12y 12
T (kp—k) (kpo —k

. cos(ka, ) [cos(ka,) —cos(ka, )] [ 5 } k,cos(kwy,) [spcos(ka)p) —3, cos(kw, )]
n

k* (@, - o) a(k; -k?)

————————-—2n(k 2 [smk 0(®, — )+ cos(km)sink [1r - (o, +0g )]] (3.59)
po

(3.59) is valid for N even where k is a non-integer. For N odd (3.59) is valid excebt for k=0
and k=k, .

For N odd, k=0 we obtain,

- +@® 5, -8,
p( N =(a)z p)+ 2 sink (——a)so )coskw(f—mb )+£"————)
2 00 2 2 2

T tk T

(3.60)

For N odd , k = kyo we obtain,
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N-1 N-1 Bscos(k(ob) [ksin(knos0 ) +kp cos(kw, )]
h - _kpo = h -—’—'+kpo = —
k2 -k?)

8 _cos(key )|k _cos(ko,)+k sin(ko )
s [eos(k,ome)sin(k om0)] +-2 P 7 P
2kp01t pO*’b pO*Vs0 ‘It(kg—kz)

)
+Zin [(")b — @y )cosk 5 (@, — 0y9) + (7‘ -(0, + 0y ))Si“kpo (0, + 0y )]

2cos (ko) [ cos (kw,) —cos (ke, )J
k? (o, -0,)

—é [cos(kmb)sin(ko)po)]+ (3.61)

3.3.3 Filter Synthesis Results

Design Example: A bandpass linear phase sharp transition FIR filter is designed for the
desired specifications of center frequencies, passband widths and transition bandwidths as
specified in Table 3.2. The maximum passband ripple is +0.1dB (0.2 dB) and the minimum
stopband attenuation is 40dB.

The filter is designed using MATLAB with program MBP-2 and measurement of
various filter specifications is done using MATLAB'’s Signal Processing toolbox. Results
approximate the desired filter specifications closely with low filter order with tﬁe desired
passband widths, center frequencies, passband ripple and stopband attenuation obtained as
shown in Table 3.2. The magnitude, impulse and phase response of the proposed bandpass

filter with center frequency w®,= 0.6667x, passband width o,= 0.5556 7, transition

bandwidth (w,-0.,) = 0.011 7, passband ripple 8,= 0.14dB and stopband- attenuation

8,=40.2dB obtained for a filter order of 701 as shown in Fig.3.4. Table 3.2 depicts the

performance of the bandpass filter. From Table 3.2, it is observed that the bandpass filter
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design is adaptable to any change in passband width (wideband to narrowband) and arbitrary
center frequencies.

It is observed that there is a marginal improvement in filter performance in terms of
decrease in passband ripple and increase in stopband attenuation because of further reduction
in Gibb’s phenomenon by employing variable ripple cycles density technique compared to
previous bandpass model. The bandpass filter design is adaptable to any change in passband
width and arbitrary center frequencies. Filter synthesis and design steps are given in Appendix

A6.1.7.
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Table 3.2

Proposed bandpass II filter performance for various passband widths, center frequencies and
transition bandwidths with required order for filter realization.

) Transition Center Passband Passband Stop bapd

Filter Order | pandwidth | Frequency width ripple in dB atte;ztaal;lon
451 0.021x 0.6667 n 0.5556 = 0.11 42.15
225 0010 = 0.6667 n 0.5556 = 0.11 41.69
701 0011 = 0.6667 0.5556 = 0.14 40.20
451 0.021 = 0.3333= 02778 = 0.10 40.10
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Fig. 3.4 (a) Magnitude response of the proposed bandpass II filter (b) Magnified view of the

passband (c) Impulse response sequence (d) Phase response.
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3.4 Lowpass Cascade Filter Model and Design
In this section, a cascade of two lowpass linear phase FIR filters is modeled with out of
phase passband ripples, parallel skirts in the transition regions and equiripple stopband ripples

[28]. The magnitude responses H,y(0) and H, (o) of the filters are as shown in Fig. 3.5.

The pseudo-magnitude responses of the two filters sections of the proposed filters to be

cascaded are formulated as follows.

In the passband region, the frequency responses of component filters are given by

5
Hpml(m)=l+-—23-sin k,o O<oso, (3.62)

b
and H,,(0)=1 --—23-sin k, ® 0oLy, (3.63)

where o the frequency variable, H,,,(®), H,,,(®) are the pseudo-magnitudes of the
individual filter responses of the component filters constituting the cascade, 3,is passband
ripple, kp is a filter design parameter in the passband ,®,,,®,, are the passband edges.
We have, Hp, (@0p) = Hppap(0,2) =1.0

In this design for a specified @,

- (3.64)

Since the component filter responses are shifted by ki along the frequency axis, this leads to
P

parallel skirts in the transition region of the two responses.
In the transition region, frequency responses of component filters are given by

Hy(@)=Acosk, (0-0)) o, see, (3.65)
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and H,,,(®)=A cosk, (m -[mo +li J 0 SO0, (3.66)
p

where k, is a filter design parameter in the transition region, A is amplitude parameter and is

chosen greater than 1, @, is the frequency at which H,,(w) equals A and (mo +f—) is the
P

frequency at which H (@) equals A . Note that @, is a fictitious frequency used to shape

the transition regions as was done in proposed Class III filter. - Also,
: 6p

Hpml(mcl) = Hpm2(m02) =1 _—2— and Hpml(mzl) = Hme(mzZ) =0.

Finally, the stopband region of the component frequency responses are given by

o . :
Hp (@) = ——2‘— sink;(w-0,;) @, <o<n 3.67)

Hpm (@) = —§25— sinky(w-0,) 0, <®@<7 ,respectively (3.68)
where 3, is the stopband attenuation, k; is the filter design parameter in the stopband region

8
and Hpml(msl) = Hpmz(msz) = ? .

In the stopband region, we have

0, =[cozl +£—} . (3.69)

)
Also, H, (0,)=1.0=1 +-zisin k, @, : (3.70)
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Fig.3.5 Magnitude responses of component filters H,, (@) and H,»(®) of proposed cascade
lowpass filter model.
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Simplifying (3.70) sink, @,; =0 i.e. cosk o, ==1. Since the slope shall be negative, we

have cosk @, =-1 . (3.1
From (3.65), H,.(®,)=1.0=Acosk, (0, -o) (3.72)
yielding, cosk, (@, -®,) =—}1\— and sink, (@, -0y) = l—-A% (3.73)

Positive sign is chosen for sink, (o, -®,) from the consideration of the slope of the response

a o=0,.
From (3.65), H(®,)=0=Acosk, (0, -w) 3.74)
yielding, cosk, (@, -wy)=0 or sink, (0, -wy)==I1 (3.75)

where ®, and o, are respective stopband edges and w.,,®,, are the respective cutoff
edges. Positive sign is chosen for sink, (@, - ®,) from the consideration of the slope of the

response at ® = ®,;.
8r«'
From (3.65), H,p () =1—7 =Acosk, (0 ~®)

. B
-2

1 2

Simplifying, o, = -k}—cos“

t

+0, ’ ~ (3.76)
B
From (3.65), H,, (@) = 5 = A cosk, (0, -0)

+@, (3.77)

> [0 ]2

1
Simplifying, we obtain, oy, = I{—cos"
t
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Using (3.76) and (3.77) we have,

= 1-—-E
1 S1 -1 2
k, =| —— Jcos”| = |-cos - (3.78)
t ((msl'mcl)J A

Slope Equalization

The various filter design parameters of the cascade model are evaluated by equalizing

the slopes of the pseudo-magnitude response function at ,;,®,, and ©,; ,®,,. This allows

the proposed function to be continuous thus reducing the effects due to Gibb’s phenomenon.

The slope of the response given by (3.62) at o =w, is

k,dp

d
Slope at o, = %-[Hpm,(m)] oo, =005k 0y) (3.79)
. . kp6 P
Substituting (3.71) in 3.79),  Slopeat o, =~ 5 (3.80)

Using (3.65) and (3.73) we obtain the slope at @, =— A k;sink, (®, -®,)

=-—kt(\/A2—1) (3.81)

Equalization of slopes at ® ;, using (3.80) and (3.81) we obtain,

pt>

k, 6p

K, =—B P
YAz

Equalization of slope at ®;, also gives identical expression for k, as above.

(3.82)

Using (3.67) we obtain,

Slopeat o _, = -d—[H (m)] =- ks 65
PEE @21 T JolL pml o=o, 2

cosky(w,, o)
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5 (3.83)
Using (3.65) and (3.75), we obtain,

Slope at @, = —Aktsin kt (0, -0p) = —Akt (3.84)
From (3.83) and (3.84), equalization of slopes at @, yields

2A k
s =—5—‘ (3.85)

s

k

Equalization of slope at @, also gives an identical expression for k.

The expressions for impulse response coefficients h(n) for the cascade filter are
obtained by evaluating the integrals below.

, Wp2 ’

pl
h(n)=— [Homi (@) Hyy (@) cos ko do+ - [Hypy (@) Hyra (@) cos koo do
T
0

mp,

Wz [0)]
+ j H 1 (@) H pp (0) cos ko do + TH pm1 (©) Hpp (@) cos ko do
@p2 wzl
+ [Hyp (@) H,pp (@) cos ko dm] (3.86)

n=0,1,2,...... ,l:——lforNeven and k=‘(y-2—--l-—nJ

3.4.1 Filter Synthesis Results
Design Example: Consider the design of a proposed cascade lowpass FIR filter ,where a pair

of Class III lowpass linear phase FIR filters are cascaded, one component lowpass filter with
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passband edge specified at 0.558 = and stopband edge at 0.572 = and another component filter

shifted with passband and stopband edge to (O.SSSn +£—) and (0.572n + f—] respectively,
P P

each with passband ripple of £0.1dB and stopband attenuation of 35dB.

The filter is designed using MATLAB with program MCS. The integrals in (3.86) is
evaluated to obtain the coefficients of the resultant filter. The filter obtained after cascading

the two component filters has specifications of cutoff edge w, = 0.5587 =, stopband edge o=

0.5724 n, passband ripple of 0.14dB, stopband attenuation of 38dB and transition bandwidth
of 0.01 = was obtained for filter order of 701. Stopband attenuation of the resultant filter
improves however there is imperceptible change in transition region width. Passband ripple of
the resultant filter increases slightly from those of the component filters. Hence it is found that
there is no much improvement in filter specifications by cascading proposed lowpass sharp

transition filters.

3.5 Conclusions

Linear phase, sharp transition, equiripple response, low arithmetic complexity,
bandpass FIR filter designs are proposed. Vérious regions of the filtér are approximated with
trigonometric functions of frequency, making it convenient to evaluate the impulse response
coefficients in closed form and thus its transfer function is evolved in frequency and time
domain. The novel slope equalizing technique is applied to bandpass filter design which
makes the proposed function continuous across transitibn band and hence reduces the effects
due to Gibb’s phenomenon thereby reducing ripples at the edgés of the transition region of the

filter. The synthesized filter proves to be a godd alternative to filters of the same class reported
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in the literature with added advantage of ease of computation of the impulse response and
simplicity of design since the filter is without any subfilters i.e. direct design compared to
sharp transition bandpass filters realized using highpass and lowpass filters in literature. Also
the proposed filters are designed for arbitrary center frequency and passband width with no
separate design required. In another proposed bandpass approach, the filter model is such that
large density of ripple cycles are introduced in the regions where discontinuities are present in
the filter magnitude response, to increase the sharpness of the transition and remove any
abrupt discontinuities, which further reduces Gibb’s phenomenon. In the proposed
approximation technique impulse response coefficients are obtained for facilitating the direct
synthesis of the filter. The approach can be extended to design of sharp cutoff bal;dstop and

multiband filters with arbitrary passband and center frequencies.
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Chapter 4

MODIFIED FREQUENCY RESPONSE MASKING APPROACH

4.1 Introduction

One of the most difficult problems in filter synthesis is the design of narrow
transition band FIR filters, which require high order for their implementation using
conventional methods. Linear phase FIR digital filters require in applications demanding
narrow transition bands considerably more arithmetic computations and hardware than their
IIR equivalents [29]. The search of design and synthesis techniques which will produce
efficient filters for the implementation of narrow transition width FIR filters has attracted
much research efforts in the past few years.

Several methods have been proposed in the literature for reducing the complexity of
very sharp FIR filters. One of the most successful techniques for synthesis of very narrow
transition width filter is the Frequency Response Masking (FRM) technique because of
reduced arithmetic complexity involved [7], [30]-[35]. FRM approach can be used to
implement both linear phase and approximately linear phase high-speed recursive digital
filters. When the frequency response masking technique is used to synthesis an FIR filter,
resulting filter will cogggs%e'iz sparse coefficient filter and a pair of masking filters. The
major advantages of FRM approach is that the filter has a very sparse coefficient vector so
its arithmetic complexity is very low, though its length and delays are slightly longer than
those in the conventional implementations. For a given frequency response specification its
effective filter length including both zero and non-zero coefficients is only slightly longer
than the infinite word Iength optimum minimax filter. These filters are suitable for VLSI

implementations since hardware complexity is reduced. In addition to low pass designs the

FRM approach can be extended to the design of highpass and bandpass filters [35].
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Optimization techniques are being developed for superior filter performance with minimum
filter hardware complexity and recently optimization techniques have been developed for
reduction in passband rip;;le and increasing stopband attenuation for IIR filters using FRM
approach which is dealt in [36].

Basic FRM technique [7] for implementing sharp linear phase FIR ﬁl;cers with
arbitrary bandwidth was generalized in [30]. Very sharp transition filters are implemented
using several simple subfilters with significant saving in arithmetic operations as high as
4:1 compared to conventional implementations was achieved. The overall FRM filter is
designed by separately optimizing the model and masking filters in which case the filters
can be designed easily and fast. The FRM filters obtained in the approach of' separate
subfilter optimization serve as good initial filters for further optimizations. A drawback is
that the resulting overall filter is not optimal. It can therefore be beneficial to consider
simultaneous optimization of the model and masking filters.

Design methods are presented for reducing the complexity of the masking filters by
capitalizing on the fact that the frequency responses of the masking filters are similar. They
are able to produce savings in terms of number of multipliers having different group delay
and round off noise performances. Synthesis of very sharp half-band filter using frequency
response masking technique is dealt in [37]. .An important property of a half band filter is
that half of its coefficient values are trivial. This yields significant advantages in terms of
reduction in computational complexity.

The frequency response masking approach for high speed recursive infinite impulse
response (IIR) digital filters is introduced in [33]. In this approach, the overall filter
consists of a periodic IIR filter, its power complementary periodic filter and two linear
phase FIR masking filters. High speed narrow band recursive filters are realized using an

IIR filter for the model filter and an FIR filter for the masking filter. An advantage of using
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techniques based on periodic and nonperiodic filters is that there is a large freedom to
choose structures for the model and masking filters that are well suited for the specification
and problem at hand. IIR model filters are realizable as a parallel connection of two all-pass
filters, with a large freedom to choose structures with good properties since all pass filters
can be realized in many different ways like lattice wave digital filters etc. In addition, the
all pass filters can always be realized by cascading low order sections, which is attractive
from an implementation point of view. |

The maximal sample frequency for ihe overall filter is M times that of the
corresponding conventional IIR filter. The maximal sample frequency can be increased to
an arbitrary level for arbitrary bandwidths. The overall FRM filter can be designed by
separately optimizing the model and masking filters with the aid of conventional
approximation techniques. The obtained overall filter also serves as a good mmal filter for
further optimization. Further, robust filters under finite arithmetic conditions can always be
obtained by} using wave digital all pass filters and non-recursive FIR filters. Recursive
infinite impulse response (IIR) digital filters have a drawback in that they restrict the
sample frequency at which an implementation of the filters can operate. This may affect not
only the speed but also the power consumption, since excess speed can be traded for low
power consumption through the use of power supply voltage scaling techniques.

As an application of the FRM techniques, the design of a linear phase digital filter
bank for audio system frequency response equalization is dealt in [38]. This filter bank uses
frequency response masking and complementary filtering principles to achieve very sharp
frequency response for each band, unity gain at all frequencies and extremely low hardware
complexity. Several structures are discussed for implementing the overall FRM filter the
two-branch structure being commonly used [7]. These structures are compared with each

other and with equivalent direct-form minimax designs in terms of the number of distinct
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multipliers, overall filter order, overall multiplication rate, number of delay elements,
coefficient sensitivity and output noise variance.

In the FRM techniques [7], closed form expressions for impulse - response
coefficients were not obtained. We propose an analytical approach to the design of sharp
transition filters with least arithmetic complexity. The approach for the design of subfilters
is simple, analytical, without extensive computations and can be extended to design sharp
cutoff, highpass, bandpass and multiband filters with arbitrary passband. This chapter deals
with a modified Frequency Response Masking (MFRM) technique for the synthesis of
linear phase, sharp transition and low arithmetic complexity FIR filter. The structure is
composed of proposed linear phase, sharp transition FIR lowpass and bandpass filters used
as subfilters to obtain the MFRM filter. The frequency response of the subfilters are
modeled using trigonometric functions of frequency and the design yields closed form
expressions for the impulse response coefficients of the subfilters and the final MFRM.
The bandpass filter eliminates one masking filter and a model filter from the basic FRM
approach thereby simplifying the synthesis of the proposed MFRM filter. Expressions for
impulse response coefficients are derived, coefficients obtained and simulation of the

lowpass and bandpass filters required for realization of MFRM filter is carried out.

4.2 Review of Frequency Response Masking Approach -

4.2.1 Basic Frequency Response Masking Approach

The basic idea behind the frequency response masking technique [7] is to compose
the FRM filter using several sub-filters. The first sub-ﬁlter is known as model filter or edge
shaping filter is upsampled to form the sharp edge needed in the FRM filter. The second
sub-filter is the complement of the model filter, which helps to form the ‘arbitrary

bandwidth of the FRM filter response. The other two subfilters are masking filters, which

123



extract one or several passbands of the periodic model filter and periodic complementary
model filter and remove unwanted freéuency components to form the stop band of the
FRM filter response [39], [40].

In the FRM approach, the transfer function of the FRM filter is expressed as
H(Z) = GZ")F(Z)+ G (ZV)F(2) (4.1)

The filters G(z) and G(z) are prototype linear phase model and a complementary
model filter respectively. The filters Fo(z) and F)(z) are masking filters which extract one
or several pass bands of the pe;'iodic model filter G(z™) and periodic complementéry model
filter G(z™) respectively. The frequency responses of G(zM) and G(z™) are those of G(z)
and G(z) compressed in frequency scale by a factor M, that is replacing every delay in
G(z) and G¢(z) by M delays each. In particular, the transition band of the filters G(z™) and

G(z") is M times as sharp as that of G(z) and G(z).

N-1|

Also G(zM)= z'M(T) ~G(zM) | 4.2)
where N is the model filter length and M is some positive integer. The corresponding
structure is as shown in Fig. 4.1. Typical magnitude responses for the model, masking and
overall FRM filter H(z) is as shown in Fig. 4.2 where k is some positive integer. The
transition band of overall FRM filter H(z) can be selected to be equal to one of the
transition region of one of the periodic filters G(z*) or G¢(z"). In order that the two
branches should be added in phase at the output the delays along with the two parallel
paths must be same in Fig. 4.1.

The transitions of the frequency masking filter Fo(z) and F;(z) shown in the Fig. 4.2
are governed by the width of the individual tooth in G(z™) and by the separation between

neighboring teeth. When the desired transition is very sharp, M can be quite large, making
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n)

Fig.4.1. Block diagram of structure used in basic FRM approach.
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the tooth width very narrow. In this case, the transition width of the two masking Fy(z) and
Fi(z) is also very narrow, leading to high order masking filters. To overcome this
difficulty, the idea of frequency compression is applied to the design of these masking
filters [30]. Two prototype masking filters Fo(z) and Fi(z) are designed and then by
applying frequency compression to these filters ie. Fy' (z) = Fy (2") and Fy' (2FF1 @)
for some integer N. The transition band of Fy' (z) and F,'(z) are now N times as sharp as
those of Fyo(z) and F,(z) respectively. However this frequency compression introduces
spurious teeth in Fo' (z) and F,'(z) at high frequencies. These teeth can be removed by a
low pass filter E(z) which has a rather gentle transition hence will not be of high order. The
basic frequency response masking approach can be regarded as a special case where N is
one and E(2) is not needed in this case. Also a two stage FRM structure is used when the
desired transition band is extremely narrow [30]. Therefore in this design, M can be very
large making the transition width of the model filter very narrow. Hence transition width of
masking filters will also be sharp and hence require a high order. Therefore, in this case, a
second stage of frequency masking can be added with masking filters also compressed in

suitable frequency scale.

4.3 Modified Frequency Response Masking Approach

Linear phase, equiripple passband and stopband, sharp transition lowpass and
bandpass FIR filters designed using our proposed approach are used as various subfilters
for the realization of the sharp transition modified FRM (MFRM) lowpass FIR filter [27].
Leto, 0 be the stopband and passband edges of model filter F, (z) respectively and o, o,
be the stopband and passband edges of modified FRM filter F(z). The transition bandwidth
Aoy, of model filter of length Ny, is

Aw, =0-0=M(,-0,)=MAo “4.3)
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where Ao is the transition bandwidth of the MFRM filter.
The complementary model filter F,(z) has a transfer function

—(Nm"l)

F¢ (z) =z 2 -F (z) 4.9

In our approach, the model and complementary model filters need not be symmetrical
around o =§ as in the conventional FRM filter. This makes the design more flexible and

universal such that a wide range of narrow and wide passbands can be achieved. Fig. 4.3
illustrates the proposed MFRM approach with band edges and slopes of various subfilters
shown. The frequency domain responses of the periodic model and periodic

complementary model filters are related as

F,(e™ )+ E [eMe)=1 @.5)
Masking filters F,,(z) and F, (z) used to mask F,(z) and F,(z) respectively have
frequency responses with equal transition bandwidth and are parallel in the fespective
transition region. The transition bandwidth of the masking filters depends on the values of
0 and ¢ which are functions of M and k which are positive integers. The frequency
domain synthesis of this scheme with typical magnitude responses of model, masking and

bandpass filters is as shown in Fig.4.3. The frequency response of the two masking filters

are related by
Fra (699 )= B 6 )+ By (672 4.6)
where Fbp(ej“’) is a bandpass filter designed with center frequency, passband edges and

passband width as shown in Fig.4.3.

2x-9), M
M 2n-(p+0)

Referring to Fig.4.3, Gain of bandpass filter, A = @.7)
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TP 2m- o)
Simpl VA= —— .
implifying m-(046) 4.8)

A is chosen to give a passband gain of unity for the MFRM filter. We have for the basic
FRM approach,

F(e'®) =F, (e™°) F,, (e'®)+F,(e™*)F,_ (e/®) (4.9)
Substituting (4.5) and (4.6) in (4.9), we obtain,
F(e'*) =F (") +F,(€™“) R, (') 4.10)

Hence the proposed transfer function for the sharp transition lowpass MFRM filter

realization derived from the basic FRM approach is
F(z) =F,(2)+F, @) F,,(2) | @.11)
The proposed structure shown in Fig.4.4 is a two branch realization where the
delays of the two parallel paths must be same in order to be added in phase at the output. In
Fig 4.4, it is assumed that the delay in the two parallel branches are equalized. In our
approach the bandpass filter eliminates one of the masking filter and one periodic model
filter greatly simplifying the synthesis of FRM filter. The slopes of the various sub-filters
and their filter edges have been designed for the MFRM approach as shown in Fig.4.3. Our
proposed lowpass and bandpass filters désigned in earlier sections have been used as
subfilters in the MFRM approach. The expressions for the impulse response coefficients
h(n) of the proposed linear phase lowpass and bandpass FIR filter are as in Section (2.8.3)

and (3.2.2) respectively.
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Fig.4.4. Block diagram of structure for low pass Modified FRM filter realization.
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4.3.1 Filter Synthesis Results

‘Design Example: Lowpass linear phase sharp transition FIR filters are designed for the

desired filter specifications: cutoff edge . is 0.7332=, stopband edge o, is 0.7432x,

maximum passband ripple sp is +0.1dB (0.2 dB) and minimum stopband attenuation asis

40dB using the proposed Modified FRM approach.

The filter is designed using MATLAB with program MMF and measurement of
various filter specifications is done using MATLAB’s SP toolbox. Results are tabulated in
Table 4.1. The Modified FRM approach, composed of proposed lowpass and bandpass
filters as subfilters (refer Sections 2.8 and 3.2). The MFRM filter is synthesized with
various band edges for the lowpass and bandpass subfilters obtained using equations in
Fig.4.3. The specifications of subfilters band edges measured using SP toolbox meet the
design specifications and the final MFRM filter passband edge is 0.7332 % and stopband

edge is 0.7432 n with a transition width of 0.01 © with passband ripple 3, of 0.13dB and

stopband attenuation 8 of 42.2dB are obtained for a ‘sum of subfilter order’ of 273. The

magnitude response of various subfilters, ﬁnai MFRM filter, impulse response sequence
and phase response is as shown in Fig. 4.5. The actual MFRM filter order is higher than
‘sum of subfilter order’ but it does not contribute to filter complexity because it has zero
value coefficients which only increases delays in the MFRM filter. Table 4.1 gives filter
order of various subfilters and final MFRM filter for a transition bandwidths of 0.01x

and 0.004 .
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Table 4.1

Filter order required for various proposed subfilters for realization of MFRM filter with
transition bandwidths of 0.01 = and 0.004 x for maximum passband ripple of 0.15dB and
minimum stopband attenuation of 40dB.

Model | Masking | Bandpass | Sum of | Passband | Stopband Transition
M| k | filter | filter filtr | Subfilter | Ripple in | Attn.in | °° (;’th
order order order order dB dB anawl
9 3 71 161 101 333 0.076 36.8 0.004n
o 3 | 66 86 121 273 0.13 422 0.01x
Table 4.2

Filter order required for various proposed subfilters for realization of basic FRM filter with
transition bandwidths of 0.01 7 and 0.005 & for maximum passband ripple of 0.15dB and
minimum stopband attenuation of 40dB.

Model | Masking | Masking | Sum of | Passband | Stopband Transition
M| k filter filterl filter2 | Subfilter | ripplein | Attn. in width
order order order order dB dB
5 3 67 67 67 201 0.14 40.4 0.01n
9 3 40 120 150 310 0.15 42.1 0.005=
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4.4 Proposed filters as subfilters in FRM approach

Using our proposed lowpass filters as subfilters for the basic FRM approach [7] in
Fig.4.2 the impulse response coefficients can be obtained for the component subfilters as
well as the overall FRM filter. The filter is designed using MATLAB with program
MFRM. The FRM filter order is higher in our case since the subfilters i.e. proposed
lowpass filters are not optimized to obtain the desired filter specifications with least filter
order as done for subfilters designed by Lim [7]. Magnitude response of masking subfilters
and final FRM filter using proposed filters is shown in Fig. 4.6. |
4.5 Conclusions

We have proposed a novel technique for a sharp transition, linear phase ,lowpass
FIR filter with low arithmetic complexity obtained by modifying the basic frequency
response ‘masking approach. The subfilters réquired i.e. lowpass and bandpass filters are
designed using our approach which is a simple direct design and possesses closed form
expressions for impulse response coefficients. In our approach, only one masking filter
need to be synthesized instead of the two masking filters required in [7]. The bandpass
filter has wider transition response which decreases arithmetic complexity of the subfilter.
Unlike in frequency response masking approach, the transfer function for subfilters and
final MFRM filter in our approach is evolved both in frequency and time domain. The
accuracy of the filter approximation can be improved by including a larger number of
terms in the impulse response sequence. The lowpass realization can be extended to the
realization highpass, bandstop, bandpass and multiband filters.

Basic FRM approach is a graphical approach. In the proposed approach, the same
philosophy is adopted as in basic FRM approach, while greatly simplifying the design of
subfilters majority of which do not have a steep transition. Lim’s filter [7] uses subfilter

optimization hence FRM filter is of lower order. Our subfilters are without optimizations
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and of higher order. Hence the resulting final MFRM filter possesses higher order for the
~ same filter specifications of passband ripple and stopband attenuation compared to FRM

approach [7]. With MFRM approach sharp to very sharp transition filters can be
synthesized.
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Chapter 5

MULTIBAND FIR FILTERS IN SPEECH PROCESSING
SCHEME FOR SENSORINEURAL HEARING IMPAIRED

3.1 Introduction

This chapter provides an overview of the human auditory system, varioué types of
hearing impairment and effects of sensorineural impairment on speech perception. Speech
processing schemes for improving speech perception for sensorineural hearing impaired
subjects are reviewed. FIR filters designed for speech processing schemes in literature are
studied. Novel multiband filters are designed and implemented in a speech processing

scheme to improve speech perception in sensorineural hearing impaired.

5.1.1 Human Auditory System

Fig. 5.1 shows the major components of the human ear. The sound waves received
by external ear pass through ear canal and cause vibrations of the tympanic membrane or
eardrum. The middle ear consists of a cavity with a delicate chain of three tiny bones, the
malleus, the incus and the stapes. These bones couple the vibration of the .tympanic
membrane to the inner ear. The inner ear consists of a fluid filled bony spiral of two and a
half turn called cochlea [41]. Fig. 5.2 shows the structure of the inner ear that is transverse
section of the cochlea with its three chambers, scala vestibuli, scala media and scala
tympani. At upper side, the scala media is separated from scala vestibuli by Reissner’s
membrane. In turn, it is separated from scala tympani by basilar membrane and a bony
shelf at lower side. The organ of corti sits on the basilar membrane and it is covered by
tectorial membrane. The organ of corti contains about 30,000 hair cells. In our auditory
system, there is one single row of inner hair cells and three rows of outer hair cells. The

inner and outer hair cells play different roles in sound reception. Incidence of sound waves
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on tympanic membrane causes it to vibrate. This energy reaches the oval window and gets
transmitted to the fluid in the cochlear chambers i.e. perilymph and endolymph setting up
traveling waves and causing basilar membrane to vibrate. 'Ihé basilar membrane with
stiffness highest near the oval window and progressively reducing along the length behaves
like a dispersive transmission medium in which the traveling waves lose the high
frequency energy while propagating towards apical end. Differential spatial activity takes
place in response to these traveling waves of different frequencies. The highest frequency
in audible range affects the region near the oval window whereas the lowest frequencies
affect the far end, the helicotrema [42]. The low frequency sounds set relatively higher
length of basilar membrane into vibration as compared to high frequency sounds. This
might be the reason for high sensitivity of the ear to low frequency sounds. Thg: upward
and downward movement of basilar membrane results in upward-inward and downward-
outward movement of reticular lamina respectively. The inward and outward bending of
hair cell cause generation of electric potential difference, which stimulates the cochlear
nerve endings resulting in nerve impulses. These impulses are transmitted over the
cochlear nerve, a part of vestibulo-cochlear nerve to the higher processes of the brain. The
information travels through the cochlear nucleus, the superior olivary complex, the inferior
colliculus and the medical geniculate body ending at left and right hemisphere of the
auditory cortex .The fibers in the pathways undergo considerable amount of convergence
and divergence at many stages.

Hearing losses are classified as conductive loss, central loss, functional loss and
sensorineural loss [2]. Conductive loss results due to defects of the ear canal, ear‘ drum or
middle ear cavity which results in less acoustic energy reaching the cochlea. It may be due
to wax in the external auditory meatus, fluid, pus or infection in the middle ear. In

conductive hearing loss the hearing threshold and discomfort levels get increased but
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frequency selectivity does not degrade and losses are greater for frequencies below 1 KHz.
Central impairment is usually caused by damage to auditory cortex, inflammation of the
membrane covering the brain and spinal cord, skull trauma or congenital defect. It may
result in decreased speech comprehension ability even though hearing thresholds may not
increase. In central masking, the threshold of signal presented to one ear is raised due to a
masking sound presented to another ear. The causes for the functional loss are
psychological factors rather than physiological disorder. On the basis of hearing
thresholds, the impairment can be graded into several categories like mild, moderate,
severe and profound. In audilogical clinics, the hearing threshold level as a function of
pure tone frequency is routinely measured and plotted as audiogram. Frequency selective
amplification is primary aim of most hearing aids for overcoming the problem of elevated

hearing threshold.

5.1.2 Sensorineural Hearing Loss

Sensorineural loss is caused by defects in cochlea i.e. sensory and/or auditory nerve
i.e. neural and is associated with decrease in frequency resolving capacity of the auditory
system due to spread of spectral masking along the cochlear partition [43]. It is
characterized by increase in threshold of hearing, reduction in dynamic range of hearing,
degradation of temporal resolution, increase in temporal masking, degradation of
frequency resolution or selectivity due to increase in spectral masking and an abnormal
increase in perceived loudness with increase in sound level. The loss of frequency
selectivity due to broadening of critical bands results in poor speech perception(s53].
Sensorineural loss causes include congenital or hereditary factors, destruction of organ of
corti, basilar membrane discontinuity, degeneration of neurons in the auditory nerve in

ascending pathway, tumors, long term exposure to industrial noise, acoustic trauma, action
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of the toxic agents, and degeneration of hair cells due to aging, interruption of blood
supply to inner ear, viral infection spread from middle ear etc. In general, this loss is not
medically curable and it becomes progressively worse with time. Two other phenomena
associated with sensorineural loss are diplacusis and tinnitus. In case of diplacusis, a pure
tone is perceived as sound with more than one pitch or as a harsh or buzzing sound. Also
different pitches may be heard at the two ears for the same tone. Its causes may include
mild injury to organ of corti or long term exposure to very intense sound. Tinnitus or
ringing in ear is a commonly.occurring auditory disorder. It may be caused by spontaneous
discharge of hair cells or auditory nerves and may also be induced by exposure to intense
sound. It occurs with many types of sensorineural impairment and can contribute
significantly to the disruption of speech comprehension in severe cases. The cochlear loss
could result due to a number of factors and typically deviated audiogram configurations
indicate the various pathologies [44]. Flat audiogram is noticed due to salicylate poisoning.
Damage in the organ of corti by ototoxic drug, stiffening of basilar membrane and damage
to hair cells and supporting deiters cell manifest as audiogram with hearing threshold
increasing with frequency. In sensorineural loss, it is quite common to find some hearing in
low frequency up to 1 or 2 KHz. A very high threshold at a particular frequency between
3-6 KHz usually suggest an acoustic trauma i.e. loss of hair cell due to exposure to loud
sound. The hearing threshold are relatively elevated for the frequencies in the 1-4 KHz
range in the congenital sensorineural damage [45]. Various diseases like. typhoid,
meningitis, mumps etc indicate a peculiar pattern in audiogram e.g., moderate to severe
101,101 (723,
bilateral sensorineural loss is seen in typhoidt Retro-cochlear impairment results due to
damage of auditory nerve fibers. Its causes may include tumor and hemorrhage. Viral

infection may results in primary degeneration of auditory neurons which is relatively
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uncommon. Secondary degeneration involves the peripheral processes of auditory neurons

constituting loss of hair cells mostly in the first half of basal turn.

5.1.3 Effects of Sensorineural Loss on Speech Perception

Speech signal generally can be described as having a dynamically varying
broadband spectrum. The important acoustic characteristics include the émplitude,
frequency, bandwidth of formants i.. spectral resonances specific to the vocal tract
configuration, nature of excitation i.e. voiced /unvoiced and pitch [46]. The degradation in
temporal resolution and increase in temporal masking also severely affect speech
perception‘? grbper perception of consonants requires adequate temporal resolution of sub
phonic segments like noise bursts and formant frequency transition. Further, in speech
signals, vowels are generally more iﬂtcnse while the consonants carrying much of the
information have lower intensities [47]. Therefore, there is a possibility of masking of
consonantal segment by vowels. The loudness discomfort level is the level at which a tone
becomes uncomfortably loud. The dynamic range is the difference between the loudness
discomfort and hearing threshold levels. In case of sensorineural loss, the hearing threshold
increases with no corresponding change in the discomfort levels and thus the dynamic
range may get drastically reduced. This ébnormal increase in perceived loudness with
increase in sound level is known as recruitment. Increase in hearing threshold of one sound
in the presence of another sound is known as ‘masking’. Intense sound has a masking
effect on preceding and following weak sound known as backward and forward masking
respectively and this phenomena gets very severe in case of sensorineural impairment.
Most forward and backward masking occurs within 100ms either at onset or ending of

[731.0143,5s3

masking sound” The backward masking at most extends over 20ms before the masker.
Both the masking effect exists due to temporal overlap of cochlear responses.

Sensorineural loss is associated with widening of the auditory filter bandwidth and the
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filter slope becomes shallower. Researchers have tried to understand the characteristics of
sensorineural hearing loss in terms of the role of the hair cells in the transduction
mechanism and role of auditory filters for presenting the information to the higher brain
processes [48]. It has been reported that basilar membrane does exhibit sharp tuning curves
for tone stimuli of different frequencies. The basilar membrane vibrations at é particular
location produce synchronized activity in the auditory nerve fibers innervating the
corresponding hair cells. Inner hair cells act as the transducer for vibrations. The outer hair
cells control the sensitivity of the inner hair cells in such a way that it is high at low levels
of vibrations and progressively decreases for higher levels of vibrations. They also play a
role in sharpening the tuning curves of the basilar membrane. Damage to inner hair cells
reduces their transduction sensitivity for basilar membrane vibrations [49]. Hearing
thresholds get increased, but the loudness growth curve and the dynamic range do not get
much affected. Frequency selectivity does not get very much degraded. Damage to the
outer hair cells drastically impairs the active control role played by them. The sensitivity at
low sound levels get reduced resulting in recruitment i.e. loudness growth curve becomes
761, 1111, {18]
more linear and consequently dynamic range get very much reduced? Further, the tuning
curves become much broader resulting in severe spectral masking and reduces frequency
selectivity. Damage to the auditory nerve fiber alters the loudness growth curve depending

on the damage pattern.

5.2 Binaural Dichotic Presentation

As stated earlier, sensorineural loss is associated with widening of the auditory
filter bandwidths and reduced frequency selectivity at the peripheral auditory system. The
peripheral auditory system behaves like a bank of bandpass filters called auditory filters or
critical baﬁds with overlapping passbands. A tuning curve resembles the magnitude

response of a band pass filter with a rounded top and sloping edges [50]. The effective
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bandwidth of these tuning curves are known as critical bands. The tuning curve shapes and
critical band estimates are obtained by various researchers using different type of masker
and experimental technique. The shapes of auditory filters are nearly symmetric at
moderate sound level and they become asymmetric at high level with shallower slope on
the low frequency side.

Most of the speech processing techniques for hearing aids involve monaural
listening which refers to sound presentation to one ear only whereas binaural listening
involves both the ears. Binaural listéning offers overall sound quality, clear speech
intelligibility and more relaxed listening and it helps in source localization. Binaural
listening could be “diotic” with same signals presented to both the ears or it could be
“dichotic” with different signals presented to the two ears. One of the possiblg ways of
improving speech perception degraded due to loss of frequency selectivity caused by
masking at the peripheral level would be to split the speech signal on the basis of its short
time spectrum into two complimentary spectra for presentation to the two ears dichotically.
The main objective of spectral splitting for dichotic presentation should be to enhance the
perception of spectral contrast of resonance peaks without adversely affecting the
perception of features cued by amplitude and duration. Considering the percéption of
formants to be really important, a speech processing system can be devised such that the
alternate formants are presented to different ears and therefore do not contribute to masking
of each other. The splitting of speech should be done in such a way that the two adjacent
strong spectral components that are likely to mask each other get presented to different ears.
Several schemes are employed for splitting speech for binaural dichotic preéentation.
Listening tests using synthesized vowels in which first formant is presented to one ear and

the second to the other was carried out by [50]. Research on binaural dichotic presentation
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has also been carried out earlier by [1], [6] and [51]. Binaural hearing aids which can split

the speech signal on the basis of critical bands can be helpful to hearing impaired persons.

5.2.1 Review of Speech Processing Schemes

Many investigations of the frequency resolving capabilities of the auditory system
have evolved out of the concept of the critical band that originated with the auditory
masking studies conducted. The subdivision into critical bands seems to be correlated very
closely to the cochlear mechanics and to frequency discrimination. Studies of criﬁcal bands
in hearing impaired with direct measurements provide evidence of an enlarged critical
band. Zwicker’s critical band model [3] has been used by many researchers.

One of the earliest reported studies of splitting speech on the basis of frequency, a
scheme for dichotic presentation to improve speech intelligibility in noise due to reduced
frequency selectivity was evaluated by Lunner et. al. [1]. They tested the use of an 8-
channel digital filter bank in monaural, diotic and dichotic modes. The filter bank was
designed to give eight parallel filtered outputs, which are added together with individually
adjustable weighting factors in order to obtain a proper fit of the gain frequency response
of the hearing aid as per the need of the individual hearing aid user. The scheme used comb
filters with constant bandwidth of 700Hz and 40dB stopband attenuation so as to present
signal containing different frequency components to the two ears. By combining alternate
bands together, the filter bank was used for dichotic presentation. The filter bank was
realized using complementary interpolated linear phase FIR filters so that most of the
coefficients were zero valued in order to minimize the number of arithmetic computations.
The scheme was implemented in real time using a digital signal processor and a computer.
The signal-sampling rate was 11.6k samples/é and signal processing delay was about 4 ms.
The test material consisted of a list of ten five word sentences. The processing system was

later rebuilt using a digital signal processor and incorporated as part of a pocket type
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hearing aid. The listening tests were conducted under three conditions i.e. dichotic

presentation of odd numbered bands to the one ear and even numbered bands to the other

ear and diotic presentation in which all the bands are presented to both the ears. Three

subjects in age group of 39 to 69 years with bilateral and moderate sensorineural hearing

loss participated. The gain of the filters was adjusted depending on the hearing loss of

individual subject. The scheme achieved spectral splitting but the filters did not have the

sharp transition bands. The results indicated an overall improvement in speech perception
for dichotic conditions. Although use of constant bandwidth filters can be exploited for
very efficient realization, a single bandwidth value may not be optimal for reducing the
effect of spectral masking over the entire frequency range of speech signal. Too wide 2
band will not resolve the lower formants for presentation to different ears. If the bandwidth
is 100 Narrow, the pitch harmonics under the same formant peak are likely to be presented
to different egrs resulting in reduced perception of spectral contrast. Narrow bandwidths
are also likely to smear timing ?elated cues.

Lyregaard [50] conduced experiments with three values of comb filter bandwidths
of 200 Hz, 500 Hz and 800 Hz. However improvements in the speech recognition scores
for the dichotic over the diotic presentation were not statistically significant. No
improvement was found in speech intelligibility indicating that the lack of improvement
Was possibly due to unsuitable filtering, lack of subject’s listening experience and lack of
the binaura] fusion of dichotic signals.

Chaudhari et. al. [6], [54] investigated a scheme for splitting the speech into two
complementary spectra each with nine bands on the basis of critical bands for binaural
dichotic presentation to lessen the effect of reduced auditory frequency selectivity and

hence improve speech intelligibility .The reported scheme was aimed at reducing the effect

of spectral masking due to loss of spectral resolution. This scheme used critical bands

149



corresponding to auditory filters based on psychophysical tuning curves as described by
Zwicker [3]. Eighteen critical bands over 5 KHz frequency range were used. The critical
bands formed the passbands of the FIR filters with linear phase response in order to
maintain the timing related cues desirable to preserve the relative phases of the frequency
components in speech signal. Initially, the scheme was implemented for off-line processing
of digitized speéch signals. The signal sampling rate was 10k samples/sec. For offline
processing, the efficiency of filter realization is. not critical. The listening tests were
conducted under two conditions i.e. diotic presentation in which all the bands are presented
to both the ears and dichotic presentation where alternate bands were presented to the left
and right ear. The gains of the filter bands are adjustable as a way of partial matching of
the filter response to the frequency characteristics of individual subject’s hearing loss. The
listening test were carried out on five normal hearing subjects with hearing loss simulated
by mixing broadband noise as a masker. The listening tests in another experiment was
conducted on ten subjects with bilateral sensorineural hearing loss. In offline processing, a
cascade combination of nine FIR band reject filters each were used for the speech
processing scheme. The scheme was implemented for real-time processing for use in a
binaural hearing aid. Efficient realization for real time implementation is obtained by using
two comb FIR filter with arbitrary frequency response for approximating the overall
magnitude response coupled with linear phase for each channel. The filters used for real
time speech processing were designed using frequency sampling method of FIR filter
design. For analysis of speech signals, a spectrographic analysis package which can display
the time-varying épectrum of speech was used. For ascertaining the improvement in the
speech quality due to processing, a compilation of qualitative assessment by the subjects
about the test stimuli under various listening conditions was carried out. The stimulus-

response data was analyzed for obtaining recognition scores. The test stimuli consisted of
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nonsense syllables formed with twelve English consonants /p, b, t, d, k, g, m, n, s, z, f, v/
with vowel /a/ in vowel consonant vowel VCV and consonant vowel CV contexts. These
were used for studying the reception of consonantal features of duration, frication, nasality,
manner, place and voicing. A computer based setup was developed for off-line processing,
real-time processing, signal acquisition, analysis and automated administration of listening
tests. The scheme was able to improve speech quality, response time, recognition scores
and transmission of consonantal features particularly the place feature, indicating the
usefulness of the scheme for better reception of the spectral characteristics. The scheme

does not adversely affect the reception of other consonantal features.

5.3 Design of Novel Sharp Transition Multiband FIR Filter

5.3.1 Introduction

This section deals with the review of filters used for the speech processing
schemes. For the speech processing schemes for critical band filtering in literature [1], [6],
[55] linear phase FIR filters with symmetric impulse response were used. Thus degradation
in speech qualify due to non-linear phase response is avoided and hence the relative phases
of the frequency components in speech signal are preserved so that the timing related cues
are not affected [52‘]:.568;1;:6;% the widely used method for designing FIR filters is the
windowing technique in which impulse response of an ideal filter is truncated to a finite
duration sequence using a suitable window function. The window function should reduce
the filter transition overshoot and reduce the side lobes in the stopband. Another approach
for design of FIR filter is the frequency sampling technique. In this technique the desired

magnitude and phase responses are specified at uniformly spaced N frequency samples for

filter order N and the finite impulse response is obtained by taking the IDFT of the

151



nonsense syllables formed with twelve English consonants /p, b, t, d, k, g, m, n, s, z, f, v/
with vowel /a/ in vowel consonant vowel VCV and consonant vowel CV contexts. These
were used for studying the reception of consonantal features of duration, frication, nasality,
manner, place and voicing. A computer based setup was developed for off-line processing,
real-time processing, signal acquisition, analysis and automated administration of listening
tests. The scheme was able to improve speech quality, response time, recognition scores
and transmission of consonantal features particularly the place feature, indicating the
usefulness of the scheme for better reception of the spectral characteristics. The scheme

does not adversely affect the reception of other consonantal features.

3.3 Design of Novel Sharp Transition Multiband FIR Filter

5.3.1 Introduction

This section deals with the review of filters used for the speech processing
schemes. For the speech processing schemes for critical band filtering in literature [1], [6],
[55] linear phase FIR filters with symmetric impulse response were used. Thus degradation
in speech qualify due to non-linear phase response is avoided and hence the relative phases
of the frequency components in speech signal are preserved so that the timing related cues
are not affected [52%‘355633 the widely used method for designing FIR filters is the
windowing technique in which impulse response of an ideal filter is truncated to a finite
duration sequence using a suitable window function. The window function should reduce
the filter transition overshoot and reduce the side lobes in the stopband. Another approach
for design of FIR filter is the frequency sampling technique. In this technique the desired

magnitude and phase responses are specified at uniformly spaced N frequency samples for

filter order N and the finite impulse response is obtained by taking the IDFT of the

151



frequency response. The frequency response is recalculated with a finer resolution and is
compared with the desired response.

Chaudhari [54] for off-line processing of speech signals used two filter banks each
with parallel combination of nine band pass filters with different gains. In this abproach,
there is a possibility of notches in the magnitude at crossover frequencies due to phase
shifts in the adjacent filters, hence cascade combination of band reject filters were used.
All the filters are linear phase FIR filters with 255 coefficients. The filter coefficients were
obtained from‘the sampled magnitude response using rectangular window [53]. The FIR
filters had transition bandwidths of 55 Hz with pass-band ripple of 2dB and stopband
attenuation of 40 dB with each filter of 256 coefficients [54]. Rectangular window and
filters of such a high order was selected in order to obtain sharp cut-off so that there is no
significant overlap from the neighboring bands. For real time processing comb filter -are
used with passbands based on critical bands using frequency sampling FIR design method
which laid emphasis on flat magnitude response in the passbands, sharp transition and
linear phase response [55],[54].

In another similar binaural dichotic scheme with FIR comb filter designed using
frequency sampling design method with linear optimization techniques [55], the filter
transitions were kept the sharpest possible at 78 to 117 Hz for various bands which resulted
in maximum pass-band ripple of 1dB and stopband attenuation of 38 dB with filters each
of 256 coefficients. The signal sampling rate was 10k samples/sec.

Recently, a novel analytical method for the design of equiripple optimal comb FIR
filters is presented [18]. The design algorithm provides a simple and robust tool for the
evaluation of highly selective optimal equiripple comb FIR filters. Independent control is
possible over number of notch bands, widtﬁ of notch bands and passband attenuation. A

%
digital cochlear filter [56],[57]:which is an electronic model of cochlea was implemented
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and tested using IIR filters with a field programmable gate array. It gives a good fit to the
cochlear data with efficiency of filter hardware usage.

For implementing the speech processing scheme as part of a binaural hearing aid,
the factors like power consumption, FIR filter circuit complexity etc. are to be taken into
consideration. Also a need was felt for better FIR filter design techniques to develop FIR
filters with less passband ripple, good stopband attenuation and sharp transition and to vary
the filter specification without the need of separate design [51]. The present work deals
with the design of two FIR multiband filters with linear phase response to be empldyed ina
speech processing scheme for splitting speech into two complementary short-time spectra
signals. The filter passbands correspond to auditory filters as per Zwicker model to reduce
the effect of spectral masking in sensorineur'c;l hearing impaired and hence increase speech
intelligibility.

Filters having finite crossovers in magnitude response, the spectral coniponents
lying in the transition region are presented to both ears. With sharp transition band of
filters, there is reduced possibility of spectral components presented to both ears at the
transition region. Hence imbalance in loudness perceived at the crossovers between

adjacent bands will reduce which increases speech intelligibility [55].

5.3.2 Multiband Filter Model and Design

In this section, the formulation of a linear phase, sharp transition, multiband FIR
filter model with equiripple response, linear transition and variable density of ripple cycles
in different regions of the filter is proposed. This design allows arbitrary center frequency
and passband width without need of separate design. Filter model is such that large density
of ripples is introduced in the regions where discontinuities are present to increase the
sharpness of the transition and a non-ideal frequency response modeled without any abrupt

discontinuities is used to reduce Gibb’s phenomenon.
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The magnitude response Hpm(m) of the multiband filter model is as shown in

Fig.5.3. Index n refers to various bands which are nine in our application i.e. n=1, 2,...9
where BP, is the n™ band pass component of the multiband filter. In the proposed
multiband filter model, the various regions of the filter response are modeled using simple

trigonometric functions of frequency as before.

In the stopband region BR,.; preceding the bandpass section BP, from o SOS0,
88
Hpm () = —2-cos kpp(@-0 ), O n-1 <o Smsz,n-] ¢.1Y)

where @ is the frequency variable, H (@) is the pseudo-magnitude of the bandpass filter

response, Jp is passband ripple, o . 418 the center frequency of the stopband preceding

passband of bandpass response BP; , kp2 is the filter design parameter and 0o n.lthe

frequency at which second stopband region (preceding the passband) starts, @y, is the
center frequency of the bandpass section BP, and o, is half passband width of BP, and
Hpm((:)bn i(ﬂpn) =1.

In the stopband region from O n-

(Sl -0, ) the frequency response is

5

Ho (w)= —2§—cos kp(@-0g,,), © sos@ -0 ) 5.2)

s2,n-1 m

where, @, o) is the frequency at which magnitude response is zero, o is the
center frequency of passband BP, and k, is the filter design parameter.

In the transition region from (o, ~®;)<es(@ - mpn) the frequency response is
H (u))-———-l—-—-[m-(m -0 )] (@, ~ Wy ) S 0 S (Dpy — D) (5.3)
"o -0 bn m’ ¥y bn zn bn pn

pm ( n pn)

where ( Ot o ) are passband edge frequencies.

154



A L A e N L

R, —D : i ' E
bn Tem ! '
{1 BPa i
BRax i1 5
Hpm{@) P
Cwfm i b
8 (2b - R AR SR N " A
S [ . :
“/‘\ — : : |x
'8 !2 M 'ma‘i t
s ®
© bn
S,ll.—-l oﬁum "5,‘;"“ S,Irbl
®
s2,n-1 o % a2 s2,n-1
@ ————-

Fig. 5.3. llustration of proposed Multiband filter (n™ band shown) for speech processing
scheme with equiripple magnitude response, linear transition and variable density ripple
cycles.
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In the passband region (®,, —®,,) < © $(®,, ~ ®;) the frequency response is

8 .
(@)= 1+—-2-E-sinkp[m-(cobn 00 )}, (@py ~ Bpy) S0 S (@ — Op) - (54)

where (@, ~©.5) is the frequency at which second passband region starts.

In the passband region from (@, —®,;) < © <(®y, +®,,) the frequency response is

3

Hpm(m) =1 +—-2-E-coskpl[m-(mbn -—o)nz)] y (Opy ~Op) SOS(O, +O) (5.5)

where @ +0) is the frequency at which third passband region starts and k isthe

filter design parameter.
In the passband region from (@, +®,,) <0 <(®y, +©,,) the frequency response is

)

p .
Hpm(m)=l+—£—coskp{m-(mbn +con2)], (pg + Op) S 0 S( Bpy + Opy) (5.6

In the transition region (@y, + ®,,) S ® < (@, +©,,) from the frequency response is

H @=1- ! )[‘”'(wbn“”pn)]’ (@ + Oy ) S © S(Dpy + Bpy) (5.7

(o

n

In the stopband region from (@, +®,,)s0 <o the frequency response is

s2,n+1

)
Hpm(m)=——25—sixﬂcp[m-(mbn +wm)], (@, +mm)5(ns<n52’n+l - (5.8)

where 8 is the stopband attenuation, D the frequency at which third region of the

2,0
stopband starts (succeeding the passband).

In the stopband region from o soso ., the frequency response is

s2,n+1 s, n

5 (59
Hpm(m)=-—2—-smkp3((0-(052,n+1), msZ,nHS‘nsms,nH .
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T is the center frequency of the stopband succeeding the band BP, and ko3 is afilter

design parameter.
In the multiband filter design, in the formulation and design of n™ component
bandpass filter section the magnitude response has three regions in the passband BPa and

possesses a total of (n+1/2) cycles of ripple in the entire passband. In the proposed model,

the first region possesses (m+1/4) cycles of ripple where m is an integer and ranges from
(@pn = @py) 10 (@p, ~®yy) . It is characterized by the filter design parameter ky The third
region possesses (m+1/4) cycles of ripple and this region is in the frequency range from
@y +®p) 10 (@, +@y,). It is characterized also by filter design parameter kp. The
second region possess (n-2m) cycles of ripples (n is even for symmetry) and spans the

frequency range from (@, —®,;) t0 (®y, +®,,) . This region is characterized by the filter

design parameter k.
Therefore, for multiband design we have, °, =(32‘- . m) f—’f- , (5.10)
pl
From (5.10), ky; =(£.m).3’_‘.. (5.11)
2 Oy
Also, 0 = o ,(ml)?_" | (5.12)
pn 4 )X

p
The stopband regions BRy., preceding BP, and possesses a total of (n0+3/4) cycles of

ripple in the frequency range of o_ , to (o, -o_). The first region possesses (n0-p)
cycles of ripple where m is an integer, in the frequency range from D¢ n-1 to ®9.n-1

characterized by k. The second region possesses (p+3/4) cycles of ripple in th; frequency

range from o Lo (o, -0 ) characterized by k.

s2,n
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_ 3} 2n 2n «
Therefore, (o, -o_)- ms’n_l—(p+2)-l:;+(n0-p)-l-(—p—z- | . (5.13)
2n
Also, o, | = u)s’n_l+(n0-p)-l;—— : (5.14)
p2
using (5.13) in (5.14) we obtain,
3)2n
O n1™ (O, —mm)—(p+z)1{—-— (5.15)

p
The parameter k,, can be computed from (5.13) for any specified value of p and n0. The

bandpass filter has stopband region BRy+; succeeding BP, and possesses a total of

(n2+3/4) cycles of ripple in the frequency range of @ te, )t o which is split

up into two regions characterized by parameters k, and k p3 respectively.

The first region possesses (q+3/4) cycles of ripple from (o +0, ) 10 O nsl

characterized by k, and q is any integer. The second region possesses (n2-q) cycles of

ripple where m is an integer from O nsy 10 @ o, characterized by ks,
3} 2n 2n
ms,n-f—l_ (mon .H,,m)z (Q+Z)'l'(";+(n2‘q)“l‘(‘; (5.16)

k,3 can be computed from (5.16) for specified values of q and k;,

Using k,; we obtain,
) NOEAE: (5.17)
ms2,n+l_(won+mzn) Y '

4kp

For the multiband filter model we have from (5.3),

at ©=(0p, ~0,), Hpm((»!))=li1"‘—BL ] =l:_(_(°_zn:_(’_)_gg_)_ :l (5.18)

2 (g -®p)
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T 5 :
Simplifying, o, = -—i”—(mm -0 )+ 0, (5.19)

From (5.3) we also have,

8 (0,,—0,,)
At @=(0py -0g) , H (@) =-S5 =2 sl . (5.20
( b n) pm( ) 5 ((Dzn _mpn) ( )
Simplifying, ®¢, = ®,, —(8,/2)(®,, -0,) (5.21)
Using (5.19) and (5.21) we obtain
8, +9 .
(@g — @) =(® ,, -copn)(l— : 5 ") (5.22)

5.3.3 Slope Equalization

For the multiband design, the slope equalization technique applied to bandpass
filters of section 3.3.1 holds good because each bandpass section of the multiband filter is
designed using the same technique. It can be shown using (3.39) that slope of the

frequency response at @y, @, all the bands of the multiband filter is

_ k,dp
2

(5.23)

Similarly, slope in the transition regions of all component bands of the multiband filter

obtained using (3.40), i.e. slope at @y, o, = i[ —-—l———} (5.24)

(05~
Equating the slopes at (@, +®,,) and (®,, +®,,) using (5.23) and (5.24) we obtain,
2

P 5‘,((»zn —mr‘m)

k (5.25)

Also, substituting (5.22) in (5.25) we get,
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{3

P 8p ((osn — W0, )

(5.26)
Note that equalization of slopes leads to §,=3,,.

5.3.4 Expressions for Impulse Response Coefficients
Referring to filter design theory of section 2.4, the impulse response coefficients
h(n) for the lowpass filter are obtained by evaluating the integrals below to obtain the

expressions for the impulse response coefficients h(n) for the multiband filter. Thus,

n
h(n)= 1 J' H,,(®) cosko do ] (5.27)
T LO .
1 _mﬂ.n-l W =Wz @ ~Wpn
h(n)=— .[ Hyp(w) coske do+ ijm (w)coskw do+ IH pm (@) cos ko do
T | Ogn-1 @52 n-1 Dop =Wz
Wop —@pp W +Op Won +Opy
+ '[ Hpp (o) coske do+ I Hpn (@) cosko do+ I H,n (@) coske do
Won~Opn Wop —Wn2 Wgq +Wpp
Won+Dzn D2 041 Dy n+1
+ IH pm{(®) coskw do+ IH pm{(®) cosko do+ j H,,(0) cosko do
@ +Opp @y +Ozp D52, n+1

(5.28)

D52.n-1 (00—~ 0Oz ) 8

h(n)=— '[ -2§- coskpp (- g ) cOs koo doo + I ;s_cos kp(@- g 44) cos ko do

n
ms‘n.l mﬂ,n-l

+ Wy "‘[mpn [ X1(_0_ [m (0, ~0_ )] ]cos kodo

Wy — Wz
Dy =Wy 8p

+ I 1+ —2—— sxn[kp (m - (mbn - copn ))] cosko do
Dpp = Wpp
DOy +077 8p [ ( )]

+ 1+—2——coskpl 0- (0, - ,) cosko do
Wy =Wy
T e g )

+ .f 1+7cos kp(co-(cobn +a)n2)) cos ko do
Wy, +Wyy
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. Wpy *jfﬂ . [Zl_a (m -(op, + - ))} cosko do

Wyn +(l)

“)12 -+l
smk m (0, +© )):l cosko dw
Wyn +(1)
g, n+| 5
?s sinkp3 (©-0g n41) [cosko do (5.29)
g2 n+1
where Ao = (Qz —0y,) and & = ap

n=0,1,...... R %'—1 for N odd ,
(N-1)

n=0,1,2....,§—1 forNeven and k= -n.

Evaluating (5.29), the expressions obtained for the impulse response coefficients h (n) for

the bandpass filter are
h( ) kﬁS [Sink(os'n_l —Sinkmsz’n_]] kas [Sink(osz’n_“ —-Sink(l)s,n“] kap [ZCOSkmbnSinkmnz]
n)= + -
2m (k3 —k?) 2m (k% —k?) 2r (k2 —k?)
2coskwy, (coskay, - cosk®,; ) . 8psinkcobn (keosko,, —k sinko,,)
7k (@, —®,,) (k2 -k )

5, (ksinkcosz,n_, ~ 2k coskopcoska, -ksinkcosz,nﬂ)

5.30
2m (k) —k?) (5:30)

-+

Eq. (5.30) is valid for N even where k is a non-integer, for N odd (5.30) is valid except for
k=0.

ForNodd, k=0,

h(Nz-lj=((°zn';(°an | (5.31)
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5.3.5 Filter Synthesis Results and Discussions
Design Example: Two multiband linear phase, sharp transition FIR filters are designed
~each for the following desired specifications using the proposed multiband filter design
approach.
Number of passbands: Nine
Passband-width: As per Zwicker’s model in Table A5.1.
Transition bandwidth (constant for all bands) is 35Hz
i.e. 2*35/11025= 0.0063 (normalized).

Maximum passband ripple (for all bands) is +0.15dB
Minimum stopband attenuation (for all bands) is 40dB
Sampling Frequency is 11025 Hz

The filter was designed using MATLAB with program MML and measurements of
various performance specifications of the designed filter done using MATLAB’s Signal
Processing Toolbox. Results approximate the desired multiband filter specifications
closely. For the two multiband filters, the eighteen desired passbands are obtained as per
specifications. The passband ripple for each band does not exceed 0.15dB, stopband
attenuation for each band is more than 40dB and the transition bandwidth of each band is
35 Hz (normalized 0.0063) for a sampling frequency is 11025 Hz obtained with a low filter
order of 1025. For the multiband filters designed for the speech processing scheme the
magnitude, phase and impulse response are shown in Fig.5.4 and Fig.5.5. Filter synthesis
and design steps are given in Appendix A 6.1.8. |

Multiband filters designed using our approach have linear phase, sharp transition,
least passband ripple and good stopband attenuation with low aﬁthmetic complexity to
avoid distortion of processed speech fed to the impaired ears. The performance of our

proposed multiband filters are superior compared to the most efficient filters used for the
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same speech processing scheme. These filters [55] are comb filters with transition
bandwidth of 70 Hz to 120 Hz, stopband attenuation of 38 dB and passband ripple of 1 dB
with a sampling frequency is 10 KHz. The transition width, passband ripple, stopband
attenuation, center frequency and passband width can be easily varied in our multiband
filter design. The proposed multiband filter design yields closed form expression for

impulse response coefficients.
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5.4 - Conclusions

The proposed multiband filters possess large stopband attenuation which aids in
better band separation, sharp transition that leads to proper separation of formants to be fed
to the ears and low passband ripple that prevents deterioration of processed speech quality.
All these features when combined lead to improvement in speech recognition for bilateral
hearing impaired as observed in an experimental study conducted. It indicates that the
processing scheme reduces the effect of spectral masking at the cochlear level.

Earlier schemes used conventional methods for design of FIR filters with filters in
parallel, cascade and comb filters [55] were used. The use of the proposed multiband filters
in the speech processing scheme leads to large savings in arithmetic hardware over
conventional FIR filters and hence suitable for VLSI implementation in a digital hearing
aid. The processed speech sample spectrographic analysis showed that the formants of most
of the syllables were presented dichotically thus aided in higher speech intelligibility and
verifies the usefulness of the scheme [58]. Listening tests were carried out on five
sensorineural hearing impaired subjects and statements made by the subjects are
recorded[59]. Subjects reported that there is an improvement in quality of speech after
processing and they preferred the processed binaural dichotic presentation to unprocessed
diotic presentation. For all the subjects the recognition scores for processed speech were

higher than those for unprocessed speech.
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Chapter 6

CONCLUSIONS AND FUTURE WORK

6.1 Conclusions

Various lowpass, linear phase, sharp transition FIR digital filter models are
formulated and their designs implemented with least passband ripple, good stopband
attenuation with least filter order. Various regions of the filter response in frequéncy
domain are approximated using trigonometric functions of frequency making it convenient
to evaluate the impulse response coefficients in closed form.

The filter models proposed lay stress on achieving a sharp transition. Sharper the
transition more oscillatory will be the frequency response near the edge of the passband, a
trait described as Gibb’s phenomenon. The filter models proposed achieve a tradeoff
between the transition bandwidth and the Gibb’s phenomenon. In addition, emphasis is laid
upon a low passband ripple and large stopband attenuation. Thus a three fold compromise
for the satisfactory performance in all the three bands namely passband, transition and
stopband is essential in addition to a trade off between Gibb’s phenomenon and sharpness
of transition of the filter.

A novel technique is devised to reduce Gibb’s phenomenon in FIR filters.
Equations are derived for slopes of the frequency response of the filters at the edges of the
transition region and these slopes are matched. The filter design parameters of the model
are evaluated by equalizing the slopes of the pseudo-magnitude response function at both
the ends of the transition region. It is found that equalizing the slopes at the edges of the
transition region makes the proposed pseudo-magnitude of frequency response cdntinuous
between a pair of adjoining regions that bridge the transition region defined by the model

equations. This reduces the effects due to Gibb’s phenomenon, thereby reducing ripples at
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the. edges of the transition region of the filter and hence reduces passband ripple and
improves stopband attenuation of the filter.

The first model namely, Class I FIR filter with nonmonotonic passband has
maximum passband attenuation at the extremities of the passband and a negative excursion
that is maximum at the extremity of the stopband to obtain a sharp transition. All the three
regions of the response are formulated in terms of sinusoidal function to achieve twin
objectives of reducing Gibbs phenomenon and evaluating the closed form expression for

the impulse response coefficients. The three filter design parameters k,,k,and kg are

evaluated with the above stated objectives in mind. The class II filter proposed has a
monotonic passband and reduced number of parameters and its stopband is also
monotonic. The class III filter model prbposed next with and without slope eqﬁalization
has equiripple passband and stopbands. Two additional parameters A and ®, are also
incorporated in the model so as to enable the bridging of passband and stopband by the
sinusoidal function proposed for the transition region. This filter achieves a better filter
performance than its predecessors. This model is refined further by applying slope
equalization technique which avoids a discontinuity at the edges of the passﬁand and
stopband thus reducing the effects of Gibbs phenomenon and improving the filter
performance. The class IV filter model has equiripple passband and stopband and in
addition it introduces a linear transition region. The synthesis of this filter is greatly
simplified with fewer parameters and reduces the complexity of the design compared to
Class III filter. Slope equalization technique is applied to reduce Gibbs phenomeﬁon. The

response has identical ripple in the passbands and stopbands. The parameter k, is uniquely

determined from the transition region width and the parameter is independent of passband

width ©,. The class V filter model has equiripple passband and stopband. A linear
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transition region with variable density of ripple cycles is introduced in the passband and
stopband of this filter to reduce Gibb’s phenomenon and hence further improve
performance of the filter.

In the proposed technique, filter transfer function is evolved both in frequency and
time domain. The approach is simple, versatile and analytical without extensive
computations. The accuracy of the approximation can be improved by including a larger
number of terms in the impulse response sequence. This design approach is without
optimizations and hence number of computations is reduced unlike filters using
optimization methods. Results show that the proposed filters have sharp transition, good
stopband attenuation and less passband ripple with least filter order. This approach is better
than the conventional FIR design methods of window and frequency sampling techniques.
The peak passband ripple in conventional FIR filter designs is about 18% which is reduced
to around 2% with the use of trigonometric functions in the proposed filter model
combined with slope equalizétion technique.

A novel direct approach is proposed for synthesis of a sharp transition, linear phase,
equiripple passband, low arithmetic complexity, bandpass FIR filter. Sharp transition
bandpass filters in literature generally involves design of component filters i.e. lowpass and
highpass filters to realize bandpass filters. Component filters synthesis is not required in
our proposed approach. Also in conventional designs, the component filters are to be
redesigned for any change in center frequency and passband width of the desired bandpass
filter. The proposed bandpass filter design is adaptable to any change in the center
frequency and passband width of the desired bandpass filter with no separate design
required. In this design also, slopes of the pseudo-magnitude response function are
matched at the edges of the transition region, which makes the proposed function

continuous and hence reduces the effects due to Gibb’s phenomenon thereby reducing

171



passband ripple of the filter. Another novel bandpass filter model with equiripple, linear
transition and variable density of ripple cycles in passband and stopband to further reduce
Gibb’s phenomenon is introduced. This technique further reduces passband ripple and
improves stopband attenuation of the filter.

A modified Frequency Response Masking (MFRM) technique for the synthesis of
linear phase, sharp transition and low arithmetic complexity FIR filter is propbsed. The
structure is composed of our proposed linear phase, sharp transition, low arithmetic
complexity lowpass and bandpass FIR filters as subfilters in the proposed MFRM
approach. The design yields closed form expressions for the impulse response coefficients
for the subfilters and final MFRM filter. The synthesis of the proposed modified FRM
filter is simplified because it eliminates one masking filter and a model filter from the basic
FRM approach. The bandpass filter has wider transition bandwidth, which simplifies its
synthesis and decreases arithmetic complexity of subfilter.

In the FRM techniques [7], closed form expressions for impulse lresponse
coefficients were not obtained. The proposed approach is simple, without extensive
computations and can be extended to design sharp cutoff highpass, bandpass, bandstop and
multiband filters with arbitrary passband and center frequency. FRM approach is é
graphical approach with masking filters designed to possess parallel skirts in the transition
region which mask the periodic model filters that are compressed in frequency domain to
achieve the sharp transition edges for the FRM filter. A high degree of parallelism can be
obtained for the skirts of the masking filters in the transition region through our approach
as is evident from the synthesis of proposed cascade filter design. Thus proposed filter
design approach is found to compare favorably with Frequency Response Masking
techniques [7] in terms of sharp transition and good filter performance without use of

optimization techniques.
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In the present study, a speech processing scheme is implemented f(;r sensorineural
hearing impaired. It involves binaural dichotic presentation of speech signal to the ears
splitting it into two complementary short-time spectra using two proposed multiband filters
having linear phase, sharp transition and passbands based on Zwicker’s critical band model.
Earlier speech processing schemes [51], [55] used conventional methods for design of FIR
filters. Proposed multiband filters have good stopband attenuation so that proper band
separation is possible. Also processed speech is not distorted because of less passband
ripple of the proposed filters. In the case of practical filters with finite crossovers in
magnitude response, the spectral components lying in the transition region are presented to
both ears. Hence there is an imbalance in loudness perceived at the crossovers between
adjacent bands, which reduces speech intelligibility and recognition score. In the case of the
proposed filters with sharp transition band, there is reduced possibility of spectral
components presented to both ears and hence increases speech recognition. All these
features when combined lead to improvement in the recognition of speech for hearing
impaired subjects as observed in an experimental study conducted. Also use of proposed
multiband filters leads to large savings in arithmetic hardware over conventional FIR filters
and hence suitable for VLSI implementation in a digital hearing aid. The processed si)eech
sample spectrographic analysis showed that the formants of most of the syllables were
presented dichotically thus aided in higher speech intelligibility and verifies the usefulness

of the proposed filters and the speech processing scheme.

6.2 Suggestions for future work

For the various proposed FIR filters, a suitable filter structure can be developed and
investigation of finite wordlength effects, coefficient sensitivity analysis and roundoff
noise analysis can be carried out. Detail comparative study with other FIR filters in

literature as regards to filter performance can be done. The proposed filters can be taken up
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as initial filters for optimization to 6btain better filter performance with reduced filter
order. For a suitable filter structure, the hardware details like number of multipliers and
delays etc. required to ;ealize the filter can be worked out. The proposed filters can be
implemented on a FPGA/ASIC/DSP processor and performance studied. Using the
proposed approach, filter models with any desired magnitude response can be developed
for any specific signal processing application. The proposed filter coefficients can be
truncated and some feedback method can be devised to obtain desired filter specifications
with reduced filter order without decline in filter performance. Speech processing scheme
can be implemented in real time on a digital hearing aid. Gain of the individual bands in
the multiband filter can be adjusted depending on subject’s hearing loss, in accordance
with individual subject’s audiogram for édditional improvements in speech perception.
Proposed filters could be used in applications such as cochlear modeling, speech , image

processing etc.
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Appendix Al.1

Review of Classical Methods for FIR Filter Design
In the following we briefly review the classical methods of FIR filter synthesis that are

relevant to the filters proposed in the thesis.
Window method:

Window method is one of the three well known design methods for FIR filters with
linear phase. The desired frequency response H, (e’) of a filter is represented by a Fourier

series [8].

H,(e")= ihd(n)e'j“’" (Al.])

n=—00
The impulse response sequence h, (n) has infinite length. In order to obtain a realizable

filter, the impulse response sequence is truncated to obtain a new sequence having length N

with defining relation
h(n)=hy(n) 0<n<N-1
=0 otherwise (Al.2)

The frequency response now becomes
_Nd .
Hy(e) =) hy(m)e”® (A1.3)
n=0

which is an approximation to the desired response .To reduce the error in the approximation,

the sequence h,(n) is multiplied by another sequence wy (n) defined by
og(n)=wgs(n) 0=<n<N-1

= 0 otherwise (Al4)
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The truncated series in (A1.3) now becomes

N-1

Hy(e*) = hy(n)ogg(n)e’®
n=0

N-1
=Y h@)e (A 15)
n=0

where h(n) =h  (n)wgg(n)

To obtain the linear phase response (or piecewise linear), the impulse response of the causal
FIR filter must be either symmetric i.e. h(n) = h (N-1-n) or be anti-symmetric i.e. h(n) =-h
(N-1-n) in (Al.5) .With the symmetry condition applied we can rewrite the frequency

response expression as

HE®) = Nz_l h(n)e "
=0

e (x3)
=e-1“{7) h(ﬁz-—-l)+2 ih(n) cos( N-1 —n)m for N odd (Al.6a)
n=0
N |
—e ( 2 ) 2Eh(n) cos( -1 -n)m for N even (A1.6b)
n=0

In both the cases, the frequency response can be written compactly as
H(e/®) =H, (0)e*©® (A1.7)
where H,(®) is the pseudo magnitude function (which may assume negative values in the

stopband and hence the “pseudo” label) and ¢(w) is the phase response function.

p(w)=—o{%) (A18)
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The desired frequency response of an ideal low-pass filter has a finite discontinuity at
the boundary between the passband and the stopband of the ideal lowpass filter. The
truncation of the infinite impulse sequence, i.e. fitting the finite discontinuity by using a finite
number terms of the series given by (Al.5) leads to the Gibb’s phenomenon. This
phenomenon gives rise to overshoot and ripple before and after the discontinuity. i.e. in the
pass as well as stopband of the frequency response. This phenomenon occurs because it is
impossible to obtain an infinite slope at the discontinuity using only a finite number of terms.

The ideal frequency response of a digital filter, which is a Fourier transform, is
periodic in frequency domain and has a few finite discontinuities at band edges. It satisfies
dirichlet conditions [9], which guarantee the representation of the ideal lowpass filter response
by a Fourier series, such as (Al.1). The dirichlet conditions also guarantee that the infinite
series (Al.1) equals the ideal frequency response i.e. brick-wall characteristics except at
isolated values of frequency m, for which the response is discontinuous. At the discontinuities
the infinite series (Al.1) converges to the average of the values on either side of the
discontinuity. If a finite series such as (A1.5) is used to represent the frequency response, the
Gibb’s phenomenon manifests itsélf. As the number of terms N increases, the ripples do not
decrease, but are squeezed into a narrower interval about the discontinuity.

In the window design, various window profiles are used [8]. The simplest among these
is the rectangular window, which uses uniform weighting of the Fourier coefficients

i.e.0pg =1.0 for all n in (Al.4), which is not desirable because of the resulting Gibb’s

phenomenon. Better results are achieved with other windows, the popular ones being Hann,
Hamming and Kaiser windows, which use a more severe weighting of the coefficients that are

kept in the truncation process.
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Frequency sampling technique:

The second method namely, frequency sampling technique uses a set of samples,
determined from the desired frequency response of the filter, which are identified as Discrete
Fourier Transform (DFT) coefficients. The filter coefficients (impulse response sequence) are
then determined from the Inverse Discrete Fourier Transform (IDFT) of this set of samples.
There are two variants of the design namely Type I and Type Il design. In type I design, the
desired frequency response H, (ej“’) i§ sampled at N pointse, , k = 0,1,....,N-1, uniformly
spaced around the unit circle and are chosen to be

mk=(g—l-(-n—} , k=01,.cciiii JN-1 (AL9)
N

The set of samples are

H(K) =H (") yop,
j%k= ’
=Hd[eT), k=0,1,0cirrrnns N-1 (A1.10)

This set of sampling points are considered as DFT samples and using IDFT the coefficients

h(n) can be computed from
N-1__ 2k

h(n)=—13-ZH(k)e(JN), n=0,1,2,......,N-1. (AL1D)
k=0

The coefficients h(n) must all be real. This requires that the complex terms should appear in
complex conjugate pairs. In other words, the term H(k) shall match with the term H(n-k)

which have exponential terms that are conjugate. The required conditions can be summed u

as follows,
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(i) ﬁ(O) should be real

i) AN-k)=H k), forN odd k=12,.,3=1 and

(i) HN-K)=H ) , k=1,z,...,1:-_-1 and  (Al12)

ﬁé}) =0, forN even

Once the filter coefficients h(n) have been determined, the frequency response can be
determined from (A1.5)
In type II design, the frequency w=0 is excluded by choosing the sampling points

2k+1
2N

®, =2n( ] k=0,1,.,N~1 (Al.13)

In this case the DFT coefficients are defined by

_ 2} '
H(k)=Hd[e N |, k=0,1,.,N-1 (Al.14)

The conditions for h(n) to be real in this case are,

AN-k-1)=H &) , k= 0,1,...,-1‘-]5"-1-—1 and

=(N-1 |

H(T) =0 forN odd and (Al.152)
= —_ N

HN-k-D=H'®) k=01, -1 forNeven (AL.15b)

From the DFT samples in (A1.14) and using IDFT, the coefficient h(n) can be computed from
(Al.11).From the filter coefficients h(n) ,the frequency response can be determined from

(A1.5) as before.
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Optimal FIR filter design:

In the third method namely, optimal FIR filter design, a mini-max or chebyshev type of
approximation is employed. The technique involves the determination of a weighted error
function and the general form of the response function. The coefficients in the general form of
the response function are then determined so as to minimize the maximum error that occurs.

The general form of the response function can be written using (A1.6) as [8]

o i3] »
H(®)=e ‘?/H|(») (A1.16)

where, N is the filter length as in (A1.5) and H,(®) is the pseudo-magnitude given by
H, (@) = Q(@)P(w) (A1.17)

The expressions for Q(w) and P(w) for the cases N even and N odd are

N-1
For N odd, Q@) =1 and P(w) = }z:a(n)cos(nco)
n=0
N
For N even, Qo) = cos(—(;] and P(o) = t b(n)cos(nw) (A.1.17a)
n=0

For N odd, staring with (Al.6a) substituting, (NZ_I -—n) =k, then affecting the change of
Avariable from k back to n once again relation for P(w) is obtained. For N even, starting with
(A1.6b) making the substitution (—I} - n) =k, then affecting the change of variable from k to
n once again and then using the trigonometric identity

2 cos| 2 cos(nw)= cos(n + l)m + cos(n - —1—) [0}
2 2 2

the relation for P(w) is obtained.
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In the case of a lowpass filter, the desired function that is to be approximated by

H, () is given by

H=1(m)=l, 0<os<o,

=0, o, <O<T (Al1.18)

where 0o <o, is the passband and o, <@w<= is the stopband. The weighted error

function is defined by
E(0)=W(w) (H=,(m) -H, (m)) (Al1.19)
where W(w) is the weighting function given as
W(m)= %, 0<o< o,
=1, o, <O<T " (A1.20)

According to the theory of chebyshev approximation, Emax, the maximum absolute
error over the stopband and passband can be minimized (yielding optimum approximation)
when the value of E(w) exhibits at least (N+2) alternations in sign. The value of N, is

N+1

for odd N and %—1 for even N, i.e., the upper limit on the summation describing
P(®) in (Al.17a).
A set of (N,+2) frequencies termed ‘extrema frequencies’ at which |E(m)| exhibits

maxima are defined over passbands and stopbands i.e. the frequency range from 0 to =n

excluding o, <@<a, , the transition region such that
E(@)= -E(0,))=tE 0> =12 ,Ng+1

where @ <®; <......<®pg +1
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. . . S . -
Assuming E, . =38, and for convenience taking k =—l we obtain a variation between
2

(1+98)) and (1-3,) in the passband and a variation between &, and -8, in the stopband.
The chebyshev approximation procedure results in an equiripple approximation for H;(®) in

the optimal case. This response is similar to that of the elliptic analog filter, which is optimum

for analog filter.

The number of relative extrema, N of H,(w) in the passband and relative extrema, N;
of H, (m) in the stopband add up to N, i.e., N, + N5 = N, .These extrema correspond to the
values of @ for which H (@) is either (1+8,),(1-8,), 8, or -8,. The two parameters N; and

N are arbitrary except that their sum in fixed by the value of N.. For N odd, N, = —I\-Iz-—l from

(Al.17a). For this case we obtainN, < N+l

=N, +1.
Similarly, for N even, N0=%—1 from (Al.17a). For this case we obtain

N, <—=N, +1, as before.

As stated above, there must be at least N, +2 alternations for the optimal filter.
Possible alternations can occur at N, = (N, +1) relative extrema of H,(w). There are always
two alternations at @, and @ so that the total number of alternations can beNy +3 if

alternations occurs both at @ =0 and @ = x. If there is an alternation at only one of these

frequencies there are (N, +2) alternations in all. The filters having (N +3) alternations are
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referred to as ‘extraripple filters’ and those having (N, +2) alternations are called ‘equiripple
filters.’ |
From the above, we note that the parameters that can be used to describe H,(®) are
Ny, N, N, N, @,,®,,8, k and 3,. There are various procedures for designing the optimal
filters, but the most widely used method is that of Mc Clellan, Parks and Rabiner [10]. In input
parameters for their program are the filter length N, the band edges in hertz and the weight in
each band. The program uses the Remez exchange algorithm to obtain the correct extrema
frequencies. The output data provided by the program are the impulse response

coefficients h(n) , the extremal frequencies of H,(®) in hertz and the deviations.
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Appendix Al1.2

An alternative interpretation of Impulse Response
Truncation of FIR Filter

An alternative interpretation of the ‘truncation’ process is given in the following, If the
impulse response is assumed to be a real and even function of time (discrete), frequency
response given by (Al.1), with condition of symmetry h(n)=h(-n), reduces to H,(w) and

phase function @(®)becomes zero.

Thus, H,(e!*)= E“jhd m)e’ =H (o)

n=—w

h,(0)+2[h,(1)cos(@) +......... +h,(M)cos(Ma) +........]

H,(w)= (A1.21)

+0
hy(0)+2) " hy(n) cosne

n=1

But the FIR filter corresponding to (Al.21) is non casual and hence not realizable. The
function H,(w) can be also referred to as ‘zero-phase’ frequency response for obvious reasons.
If we carve out a causal part, we are left with only h(0),a trivial case. The resulting filter is an
all pass filter.

In Fig.A1.2 truncating the classical Fourier series is equivalent to making truncated part
causal and symmetric to yield a realizable linear phase filter. As filter order N increases more
terms are included in the truncated sequence and performance of the filter improves. In Fig. A
1.2 (a) the sinc function representing the impulse response coefficients is non-causal and

delay is zero. Further, in Fig. A 1.2(b) the sinc function is shifted one step to the right i.e. one

delay is introduced i.e. €7®. The truncated impulse response is symmetric i.e.
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®)

Fig. A1.2 [llustration of truncation of the impulse sequence.
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hyq(n) = hg(N-1-n), where n = 0,1,2 and N=3 (truncation).This makes it causal and linear phase
with h(0), h (1), h (2) only present. The hatched portion consists of deleted coefficients in
the interior continuing this way, if entire sequence is shifted to right by M units and only

causal symmetric part is retained by truncation then, we obtain the modified linear phase

frequency response.

Hyp (67°) =hy (M) +hy(-M+1)e7® +........... +h,(0)e™MO 4 ..., +hy(M)eIMe

M '
=Y hy(n-M)e™®,  N=2M+1,0dd integer

n=0

2M .
= Z hgy(m)e”®

n=0

=e M “’{hd )+ 2% h4(n)cosn co} (A1.22)

n=l

In the above the coefficients correspond to those of Fig. Al1.2 (a). Thus hy(—-M) at n=-M,
.when shifted to right by M places occupies the position corresponding to n=0.Accordingly the
symmetry condition becomes h,(n) =hy (-n) i.e. hy(M)=h,(~M) and so on.

If we name the shifted sequence by hg,(n) then hy,,@m)=h;(n-M) and symmetry
condition becomes h,(n)=h,(2M—n).

If the desired response in (A1.21) corresponds to an ideal lowpass frequency response then [8]

hy (n) = 51;{ [Hy(e™)e do } =511?[ f(ei"“’)dm]
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_sinw.n

, for n#0 (A1.23)
nn .
with Hy(e’®) =1, o<o <=
=0, otherwise (Al.24)

where, @, is the cut-off frequency of the ideal response. For n=0, we have

hy(0)= 3;— (A1.25)

The plot of hy(n) versus n will have an envelope that is a ‘sinc’ function given by [8]

. o . {on . . . .
ie. —°—smc(——°—) . The zeros of this function occur at integer values of n. As we shift each of
T T

the members of impulse sequence as envisaged in (A1.22) and truncate and retain only the
symmetrical part we obtain a causal, linear-phase FIR filter, which is an approximation to the
ideal filter response. As M increases, the associated delay also increases and the
approximation improves, as is evident from (A1.22). As M tends to oo, the approximation
converges to the ideal and associated delay also tends to oo, which is not realizable in practice.
In conclusion, we can say that, the “truncation’ process is a process by which, the
members of impulse-response sequence are shifted to the right in steps and after each shift, if
we retain only the ‘causal’ symmetric part we obtain an approximation to the ideal low-pass
response. For N even, impulse response sequence is given by h(n+1/2) ,where n is an integer.
For a filter of length N, the number of delays and terms in the impulse response sequence to be

computed are (N-1)/2 for N odd and (N/2)-1 for N even.
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Appendix A 5.1

Speech Processing Scheme and Listening Tests

Implementation of Speech Processing Scheme

In this section, the implementation of speech processing scheme for sensorineural
hearing impaired subjects is presented. The recording and processing of speech is ‘offline’
using multimedia PC, which means voice is pre-recorded and speech after passing through
multiband filters i.e. split speech is stored in memory and then presented to the subjects for
identification. The recording of a male voice at normal épeech levels is done in a sound pfoof
room using nonsense syllables in Vowel Consonant Vowel (VCV) context. The Speech
acquisition is done using multimedia PC. Time domain speech signals are converted to
frequency domain signals for speech processing. Speech signal is band-limited to 60Hz-5.2
KHz and the speech is digitized with 16 bit, pulse code modulation at a sampling frequency of
11025 Hz and stored in wav format. A MATLAB program MSP is developed for speech
acquisition and band limiting, conversion of speech from time to frequency domain and vice
versa, to split the speech into critical bands using two proposed multiband FIR filters and to
present the processed speech samples to the subject ears. The speech samples a.re~ split into
complementary frequency bands based on Zwicker’s critical band model. The outputs of the
two filters are fed to the left and right ear as shown in Fig.A5.1. The filtered speech signal is
converted from frequency domain to time domain for recognition by the ears. During the test,
processed and unprocessed sound clips are fed to the left and right ears of the subject using

headphones and subjects are asked to identify the sound clip [59].
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Filter 1
bPt x(t)
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to Rigit Ear
213
RS
Multiband
Filtes 2

Fig.AS. 1. Block diagram of Multiband filters to used to split speech signal into
complementary spectra in the speech processing scheme.
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The details of multiband FIR filters designed for speech processing scheme are given

below.

Filter Type: Two multiband, linear phase, FIR filters using proposed approach with a fixed
gain and variable bandwidths based on Zwicker’s critical band model (Table A5.1).

Number of passbands: Nine (for each multiband filter).

Sampling frequency: 11025 Hz.

Maximum passband ripple for individual bands: +0.15 dB.

Minimum stop band attenuation for individual bands: 40 dB.

Transition bandwidth for all bands: 35Hz.

Multiband filter order: 1025.

Listening Tests

In the listening tests, five subjects with bilateral moderate sensorineural hearing impairment
participated. Male and female subjects of different age groups with experience in listening
tests are participated in the listening tests. The test stimulus had ten syllables in VCV context
which were obtained with vowel /a/ and consonants /d, m, n, s, v, b, g, z, f, p/ like ‘aba, ‘ada’
etc. The listening tests where conducted on sensorineural hearing-impaired subjects with
moderate and severe hearing loss at All India Institute of Speech and Hearing, Mysore.
Listening tests were done in a noise free environment using headphones and multimedia PC.
The test stimulus was administered for unprocessed speech and processed speech dichotically
presented using multimedia PC and subjects were asked to identify each sound clip (stimulus)
and their responses were recorded. A compilation of subject’s qualitative assessments about

the test stimulus for assessing any improvement in speech perception was done [59]. '
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Observations

Five subjects with bilateral moderate sensoriﬁeural hearing impairment were tested.
Out of the ten syllables presented in VCV context on an average five syllables could be
identified by them.

Subjects preferred processed dichotic presentation to unprocessed dichotic
presentation.

Subjects showed an improvement in recognition of the speech syllables presented to
the ear.

For all the subjects the recognition scores for processed speech were higher than those
for unprocessed speech.

Response time to respond to speech syllables presented to the ears is reduced which is
an indication of effective speech processing.

Spectrographic analysis to verify adjacent formants being presented to different ears is

carried out.

Spectrographic Analysis

The processed speech has been spectrographically analyzed to veri.fy splitting of

speech into various frequency bands. Fig. A5.2 shows the bands have been split as per

multiband filter passbands. The formants of the speech syllables are analyzed and it is found

that the adjacent formant frequencies are presented to alternate ears thus aided in better

recognition of speech presented to the ears.
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Table AS5.1 Zwicker’s critical band estimate

No. Bands Freq. (KHz) No. Bands Freq.(KHz)
1 BP1 0.07-0.2 2 BP2 0.2-0.3
3 BP3 0.30-0.40 4 BP4 0.40-0.51
5 BP5 0.51-0.63 6 BP6 0.63-0.77
7 BP7 0.77-0.92 8 BP8 0.92-1.08
9 BP9 1.08-1.27 10 BP10 1.27-1.48
11 BP11 1.48-1.72 12 BP12 1.72-2.00
13 BP13 2.00-2.32 14 BP14 2.32-2.70
15 BP15 2.70-3.15 16 BP16 3.15-3.70
17 BP17 3.70-4.40 18 BP18 4.40-5.012
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Fig. A5.2. (a) Speech spectrogram of syllable ‘ada’ (b) and (c) Speech spectrogram of syllable

‘ada’ after splitting into complementary bands based on passbands of multiband filters in
Table AS5.1. ( Note: In the above figures, frequency is in Hz and time is in m sec).
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Appendix A 6.1

Filter Design of Proposed FIR Filters

This appendix gives the filter synthesis and design methodology illustrated by means
of a design example for the proposed lowpass, bandpass, multiband and modified FRM linear

phase, sharp transition FIR filters. For the desired FIR filter specifications namely passband

width @,, passband ripple 5, stopband attenuation 8 and transition width (o, —w,) the

design parameters of the proposed filter k,,k,,k;,@y,®, cutoff frequency o, stopband .

edge frequency @, and the filter impulse response coefficients are computed. The design is

carried out using MATLAB [60], [61] and measurement of filter specifications done using
Signal Processing Toolbox. The design example is same for all designs for comparison of

filter performance of all the proposed filter designs.

A 6.1.1 Filter Synthesis and Design of Class I FIR Lowpass Filter with Non-
Monotonic Response without Slope Equalization

Design Example: Consider the design of a proposed Class I lowpass, linear phase, sharp

transition FIR filter to meet the following specifications: passband edge ®, is 0.6667x,
transition bandwidth (o, -®_) is 0.01 7, maximum passband ripple spis +0.1dB (0.2dB)
and minimum stopband attenuation 8 is 40dB.

Step 1: The desired filter specifications namely, ®;, (@, ~®.), 6pand 8 are given as in

design example.
Step 2: The frequency response of the proposed FIR filter is reproduced below for

convenience.
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Hpn (@) =1+k 3, sin (0-w,)

0<o<o,
H,, @) =] 1+22 Jcodk ] <
pm (@) = +—2— costk,(0-®,) 0, <0<,
Hpm ( )"'-—sz—ssin(m-coz) 0, <OST
Hy(0)=1-2 =

-k, 8, sin (@, ]

)
Hpp(o,)=1 +-—2-E-
H,,(0,)=0
SP
Hpm(mc)= "—2—-
S
Hpm(n)=--5—
85
Hpm (ms) = 3—

frequency o, are computed using equations reproduced below.
®

mo=-—2-p-
1
k,=—
2sin @,
8 =%
¢ = 1 cos™ 2__I_cos™ 2
- ) )
@-0) 1,2 1422
2
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Step 3: The filter design parametersk , .k, k,,®,,®, and cutoff frequency @, stopband edge

2.8)

2.9

(2.10)

@.11)

(2.13)

(2.16)

(2.18)

(2.20)

(2.22)

(2.15)

(2.12)

(2.24)



1E
z-_:(,)p+——=2(1)0+-—~ (217)

k =

* sino, @21)

=%
®, =0, +— cos™ 82 (2.19)

t 1+-2

2

1 5
0, = 0, +— cos™! 28 (2.23)

k, 1+
2

Step 4: The impulse response coefficients of the filter are obtained by substituting values

ofmo,kp,kt,mz,ks,mp,apand 5 in (2.28) to (2.31).
Results: The magnitude and impulse response of the filter designed is as shown in Fig. 2.3.

The filter design parameters computed are k,= 49.796, k ,= 0.57735, k = 1.1767, @,= 0.67737

with cutoff edge ©,=0.6668  and stopband edge ©,=0.6767=.

The frequency domain specifications of the designed filter, obtained by measuring its

magnitude response using SP toolbox are, passband edge @,= 0.6667n, w.= 0.6668%,0,=

0.6767 o, transition bandwidth (o, -®,) = 0.01 =, passband ripple ap = 0.087dB and stopband

attenuation 85 =32.2dB are obtained for a filter order of 701. It is found that obtained filter

specifications do not match with the desired specifications i.e. stopband attenuation achieved

is poor and does not improve appreciably with increase in filter order.
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A6.1.2 Filter Synthesis and Design for Class II FIR Lowpass Filter with
Monotonic Response without Slope Equalization

Design Example: Consider the design of a proposed Class II lowpass, linear phase, and sharp

transition FIR filter to meet the following specifications: passband edge w, is 0.6667n

transition bandwidth (o, ~®.) is 0.01 7 , maximum passband ripple spis +0.1dB (0.2dB)
and minimum stopband attenuation 8 is 40dB.
Step 1: The desired filter specifications namely o, (0, - ®,), ap and 8 are given as in design

example.
Step 2: The desired frequency response of the FIR filter is modeled using trigonometric

functions are reproduced below for convenience

H,,(0)=1-ksin o, 0<o<o, (2.32)
H,, (@)=(1-3,) [l— sink, (©- coc)] , 0, 2050, (2.33)
k3, 2.34

H, (@)= 5 sin(®0-®,) , ©0,S<OS<T (2.34)

H,.(0)=1

Hyn(0,)=1-8, 2.37)

H (my=-s (2.39)
pm(n) = '—'? .

H,, (0,) =3 2.41)
pm (o) = 7 :

H,p (0,) =0 (2.35)
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Step 3: The filter design parameter k,, k., k,,o,

obtained using equations reproduced below

k = 6"
P sina,
kS = . l
sin ©,
T
0, =®, +—
2k,
sin!| 1- 2
2(1-8,)
O, =0, + !
k,
sin! 1———————-——85
y 2(1-8,)
£ (0, —o,)

and stopband edge frequency w,are

(2.38)

(2.40)

(2.36)

2.42)

(243)

Step 4: The impulse response coefficients of the filter are obtained by substituting values of

mc,kp,kt,mz,ks,sp and 8 in (2.47) to 2.50).

Results: The magnitude and impulse response of the filter designed for the above design is as

shown in Fig.2.5. The filter design parameters computed are k,= 46.814, k,= 0.0011547,

k,=1.1782, ®, =0.6773 = and stopband edge w,=0.6767 .

The frequency domain specifications obtained by measurements of the magnitude

response using SP toolbox are cutoff edge ®.=0.6667x, stopband edge o,=0.6766,

transition bandwidth (o,-©,) = 0.0107, passband ripple5p= 0.204dB and stopband
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attenuation 8 .= 46.3dB are obtained with a filter order of 701. Good stopband attenuation is

achieved but filter has highest passband ripple compared to all proposed filter designs.

A6.1.3 Filter Synthesis and Design for Class III FIR Lowpass Filter with
Equiripple Passband Response

Design Example: Consider the design of a proposed Class III lowpass, linear phase, sharp

transition FIR filter to meet the following specifications: passband edge w,is 0.6667=,
Transition bandwidth (o, —®,) is 0.01 7, maximum passband ripple ap is £0.1dB (0.2dB)
and minimum stopband attenuation 8 is 40 dB.

Without Slope Equalization

Step 1: The desired filter specifications namely wp, (0, ~®,), ap and & _are given.

Step 2: The desired frequency response of the FIR filter is modeled using trigonometric

functions reproduced below for convenience

3
Hpm(co)=l+—2£coskpco 0<oso, (2.51)
H,,(0)=Acosk, (0-w,) <o <o, 2.52)

% < 2.53)
Hpm(co)=—? sink(w-®,) o,<O<n .

% 2.5
Hpm(0)=1+—5— 2.57)
Hym (0p) =1 . (2.58)

% 2.62
Hpm(mc)=l_"2‘ (2.62)
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8

S

Hm (0) =5 (2.64)
Hp(@,)=0 67
Hom (@) =A | .61)
Hp (m) = -%- (2.69)

Step 3: The filter design parameters k,,k,, ®,, wpand k; are computed using equations

reproduced below

_ 2n(k, +1/4)

k, = —+F—r .
= (2.56)
A is chosen greater than unity.
8
1-p
k.= 1 lcos? (-ﬁs—)-cos" ——-—/2— (2.66)
(o, ~»,) 2A A ‘
Oy =0, - L cos"(l-) (2.60)
L Y A ' ‘
T
=@ A+ — 2.68
O)z 0)0 2kt ( )
ks - (4L +1) (2_70)
2 ('R'." (Dz)

where L is a nonnegative integer and (L+1/4) number of ripples in the stopband in [(oz,n] .

)
0, =0, +Lcos'l (—s) (2.65)
k, 2A
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l "I 2
. = 4 2.63)
c (Do COS (

Step 4: The impulse response coefficients are obtained by substituting values of

ky, ke, o,,k ,mp,sp ,8,and A in (2.74) to (2.78).

Results: The magnitude and impulse response of the filter designed for the above design is as
shown in Fig. 2.7. In this design, A = 1.000001, k, = 8 and L = 108 are chosen. The filter
design parameters computed are k, = 48.833, k,= 24.75, k= 670.1, ,= 0.676887,
©,=0.66663 =, cutoff edge @, = 0.66686 1 and stopband edge w = 0.67686 .

The frequency domain specifications obtained by measurements of the magnitude

response using Signal Processing toolbox are passband width @, = 0.6667x, o= 0.6767x,

transition bandwidth (@, -®,) = 0.0lm, passband ripplezsp= 0.078dB and stopband

attenuation as= 35dB are obtained with a filter order of 701. It is found that obtained

specifications match closely with the desired specifications except for lower stopband
attenuation with the desired value of 40dB achieved with higher filter order.
With slope equalization

The filter design parameters k, ,k, and k, are computed using equations reproduced below

5
I
kt = ——— cos"l (.éL)-cos‘] }....____/.2_. . (266)
@, ~o,) 2A A
LA A’-1) 2.87)
Sp
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(2.95)

The expressions for frequency parameters k ,,®,,0,,®, and o, are identical to those of filter

design without slope equalization.
The magnitude and impulse response of the filter designed for the above design is as

shown in Fig.2.8. In this design, A=1.000001, k = 8 and L=108 are chosen. The filter design

parameters computed are k,= 47.5, kp= 134.38, k,= 9502.688, ,=0.67716=,

®y; =0.6667 n, stopband edge ®,=0.677146 1t and cutoff edge ®, = 0.666869 7.

The frequency domain specifications obtained by measurements of the magnitude

response using SP toolbox are passband edge o,= 0.6667n, w,=0.66686n, w = 0.677x,
transition bandwidth (o, —®_) = 0.01 &, maximum passband ripple 5,=0.068 dB and minimum

stopband attenuation 5 = 35.82 dB are obtained with a filter order of 701. It is found that

obtained specifications match closely with the desired specifications with stopband attenuation
lesser than the desired value of 40 dB, which can be achieved with higher order. With slope
equalization, passband loss is reduced and stopband attenuation improves compared to filter
design without slope equalization for the same filter order because of reduction of Gibb’s

phenomenon.

A6.1.4 Filter Synthesis and Design of Class IV FIR Lowpass Filter with
Equiripple Passband and Linear Transition Region with Slope Equalization

Design Example: Consider the design of a proposed Class IV lowpass, linear phase, sharp

transition FIR filter to meet the following specifications: Passband edgew,: 0.6667x,

203



Transition bandwidth (w0, —w.) is 0.01r, Maximum passband ripple ap : £0.1dB and
Minimum stopband attenuation 8 is 40 dB.
Step 1: The desired filter specifications namely o, (; —a,) , 8, and 5 are given.

Step 2: The desired frequency response of the FIR filter is reproduced below.

)

p
Hpm(m)=l+—2—coskpm, 0sos< o, 2.96)
((D-(Dp)
Hpm(m)=1——(;-z—-:0:)-, 0p SO o, | .97
]
Hpm(m)=——2§sin kp(@-0z), 0, <o<n 2.98)

8
Hpm(0)=1+—2g

Hpm (0p) =1

8P
Hpm (Cl)c) =1—7

5, _

Hpm(ms) = —2—

P
2
Hpp(0,)=0

Step 3: The filter design parameters k,and ®, along with o, and o computed using

equations reproduced below

mc=mp+r(1— (2.105)
p
2 1
- _ 1 | 2.107)
og=ap + (
kp5p kp
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0, =0p + 2 (2.109)
pp
kp = 205, (2.112)
8 (ag-0.)
P S c
5= 5, @111

Step 4: The impulse response coefficients of the filter are obtained by substituting values of
k,,0,,0p, and 8 =8 in (2.116) to (2.1183).

Results: The magnitude and impulse response of the filter designed for the above design is as
shown in Fig.2.12. The filter design parameters computed are k ,= 63598.3,@,= 0.6767x

with cutoff edge .= 0.6667x and stopband edge w,= 0.6767x. The frequency domain

specifications obtained by measurements of the magnitude response using SP toolbox are

passband edge w,= 0.6667 x, ®,= 0.6667x, w,=0.6767 x, transition bandwidth (o, -@.) =
0.01 =, passband ripple s p= 0.129dB and stopband attenuation &= 40.3dB are obtained witha
filter order of 701. It is found that obtained specifications match closely with the desired

specifications,

A6.1.5 Filter Synthesis and Design of Class V FIR Lowpass Filter with
Equiripple Passband, Linear Transition and Variable Ripple Density with
Slope Equalization

Design Example: Consider the design of a proposed Class IV lowpass, linear phase, sharp

transition FIR filter to meet the following specifications: passband edge ®, is 0.6667x,

transition bandwidth (o,-®,) is 0.01m, maximum passband ripple spis:tO.ldB and

minimum stopband attenuation 8 is40dB.

205



Step 1: The desired filter specifications namely o,,(0; —®,) ,Sp and & are given.

Step 2: The desired frequency response of the FIR filter is reproduced below.

)
Hpm(co)=1+—22-coskp0m, 0<o< oy (2.119)
8P
Hpm(co)=l+-—2—cos kp(@-0y), ©pp<o<op (2.120)
(0-0p)
H =1- , <w< 2.121
pm (07 -@p) Op 2020 ( )
6
Hpm(m)=—-?ssin kp(co-coz) @z < © <og) (2.122)
3
Hpm(co)= ~= oS kpo(m-mso) O SOST (2.123)

Step 3: The filter design parametersk ;. k ,'mz, ®pg Vg along with @ and @, are computed

using equations reproduced below

fos9-0,)=(m+5 2= (2.124)
p
1)2= '
mpo=wp-(m+—)— (2.128)
4)k,
K., =2 (2.129)
po [0)]
p0
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8,=8, (2.136)

0, =ap +-1-
P C(2.137)
_ 2
coz—cop+ 5
PP (2.138)
®_ =0, + 2 1
s P T
kpdp Kp (2.140)
- LP (2.141)
’ Ims'wc .

Step 4: The impulse response coefficients of the filter are obtained by substituting values of

kp,kpo,coz,copo,cop,coso,sp (=88) in (2.144) to (2.147). The magnitude and impulse

response of the filter designed for the above design is as shown in Fig.2.17. In this design,
m=100 and n=4 are chosen. The filter design parameters computed are k,=63598.315,
kpo=12.057, ©,,=0.6635%, ©,=0.6767x, 0, =0.67983 » with cutoff edge ®©,=0.0007 = and
stopband edge ®;=0.6667 ». The frequency domain specifications obtained by measurements
of the magnitude response using SP toolbox are passband edge o, = 0.6667 =, @, = 0.6767x,
transition bandwidth (o5 ~wc) = 0.01 =, passband ripple 8,= 0.13dB and stopband aﬁenuation
8= 40.19dB are obtained for a filter order of 701. It is found that obtained specifications

match closely with the desired specifications.
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A6.1.6 Filter Synthesis and Design of FIR Bandpass I filter
Design Example: Consider the design of a proposed Bandpass I, linear phase, sharp transition

FIR filter to meet the following specifications: Band center frequency o, is 0.4444 7, half
passband edge o, is 0.3333 , transition bandwidth (g ~wc) is 0.01 7, maximum passband

ripple 5, is +0.1dB and minimum stopband attenuation 8 is 40dB.
Step 1: The desired filter specifications namely o, , 0p, (g — ), 8, and & are given.

Step 2: The desired frequency response of the FIR filter in the three regions are modeled using

trigonometric functions as reproduced below

Hpm(m)=Ao(l+%3-cos Kpp (m-wb)), 0, =0, SOS 0, +0, 3.1
H,.(0)= Ao[l o "(m(z‘”_"o;;"’ ) ] 0y +0, SO< W, +0, ] 3.2)
and Hpm(m)=Aol:l—-((—w(bg;—(i)—:));:)—03) } 0y -0, SO, -0, (3.3)
Hpm(m)=—§2§Aosin kpb(w-(wb +0)z)), oy +0, SOn (34)

Hpm(m)= —%S—Aosin Kpp (0 -0,)0) 0<o<o,-o,

(3.5)
% Yo -o,) 3.7
0, =0~ 1-—- o, -, 3.
@ = z—(aszzl)iwz-wp) (3.9
0
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log - @, )=(0, - o, {(1 - 53) - Qs—/—zlj (3.10)

5 -

(.17)

0, =0, +

P
8, kb

And finally A=l
Step 3: The impulse response coefficients of the filter are obtained by substituting values of

Aok, 0,,0p,0,,5 and 8 in (3.21) 10 (3.23).

Results: The magnitude and impulse response of the filter designed for the above design is as

shown in Fig.3.2. The filter design parameters computed are k, = 65043.73n, o,=

z

0.34338 m, cutoff edge @_.= 0.3333 n and stopband edge o,=0.3433x.

The frequency domain specifications obtained by measurements of the magnitude

response using SP toolbox are half passband width «,= 0.3333m, cutoff edges
0, =03333%n, o,=06666n, center frequency @, =0.4444m, stopband edges
0,=0344n and ©,=0.6777n, transition band (0g-wc)=0.0117, passband

ripple s b =0.1435dB and stopband attenuation 5 =39.4dB for a filter order of 701. It is found

that obtained specifications match closely with the desired specifications.
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A6.1.7 Filter Synthesis and Design of FIR Bandpass II filter

Consider the same design example of Bandpass I filter.

Step 1: The desired filter specifications i.e. center frequency ®,, passband edge
frequencies (co ) transition region width (og -w.) , passband r1pple5 and stopband ripple
8, are given.

Step 2: The desired frequency response of the FIR filter are modeled using trigonometric

functions as reproduced below

m((o)= is-—cos_kpo ((ob —(oso)-(o), 0<w< ((ob —(oso) 3.29)
Hp 5
o
Hpm ((o)= —icos kp((o- ((ob - (oso)) , ((ob -(oso)s o S((ob -(oz) (3.25)
Jo-oy -
H ((o)- z -® )Sms(cob—cop) (3.26)
e ©
P
o
Hpm (m)=1+-2?-sinkp[m-(mb —mp)] , ( oy -(op)s wso, ~® 0 (3.27)
] i ‘
Hpm ((o)=1+-—2p—coskpo _(o-((ob -(opo)] , ((ob —mpo)s wSo (3.28)
o -
Hpm ((o)=1+—5p-coskpo L((n--(nb)], Oy SO0 +o - (3.29)
8
Hpm ((n)=1+—2£coskp [(o- ((ob +(op0)] Oy te, SOSo to (3.30)

+o (3.31)
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5 .
Hpm (0)= ——25-sinkp[m-( o + mz)], oy +0, Seso +o (3.32)
H m(m):-a—icosk o[m- (mb +mso)], 0+, <@w<n (3.33)
P 2 P
0= + 2n(p + 3/4)
kp
0 T0 -Zi(m+l/4) | 33
PO P kp (3.36)
koo =_2._’i“/_2'_‘1‘_). (3.38)
(Dpo
p, n, m are to be chosen and n must be even.
®, =0, + 2 (3.42)
z = p *
k,8p
® =0 +-—L 3.50
¢ =0p *y (3.50)
P
o =a +-El-—_=u)p *Eza_ (3.52)
P PP
1 2
o, = u)p —-lz-—+ 5 (3.53)
P PP '
(3.54)
(3.55)

Step 3: The impulse response coefficients of the filter are obtained by substituting values of

Apk, .k ,0,,0p,0p,Mgy,®,,5 and 5 in (3.59) to (3.61).
p?p0sz> P> P> 80> b P s
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Resulfs: The magnitude and impulse response of the filter designed for the above design is
as shown in Fig.3.4. Computed filter design parameters are k= 63598315, ko = 27.0057,
®,=0.33326257, ©,= 0.343343 &, 04, =0.3434298 n with cutoff edge ®,=0.33333 % and
stopband edge ®,= 0.34333m. The frequency domain specifications obtained by
measurements of the magnitude response using SP toolbox are half passband width o,=
0.3333n, passband edges . =0.3333n and o, =0.6666=%, center frequency
o, =0.4444 x stopband edge o;=0.344n and w,=0.6777 x, transition bandwidth (og - )
= 0.011n ,maximum passband ripple 8,= 0.1414dB and minimum stopband attenuation 5 =
40.2dB fof a filter order of 701. It is found that obtained specifications match closely with the

desired specifications.

A6.1.8 Filter Synthesis and Design of FIR Multiband Filter
Design Example: Consider the design of a proposed Multiband, linear phase, sharp transition
FIR filter to meet the following specifications: |

Number of passbands : Nine

Band center frequencies o, : As per Zwicker’s model in appendix A 5.1
Half passband widths @, : As per Zwicker’s model in appendix A 5.1
Transition bandwidth of each band (o, ~ ®,, ) : 35 Hz (0.0063 normalized)
Maximum passband ripple for each band Sp : +0.1dB

Minimum stopband attenuation 5 : 40dB

Sampling frequency : 11025 Hz
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Step 1: The desired filter specifications i.e. band center frequency ,,,passband edge
frequencies (a)bn to, ), transition bandwidth(o,, —®,, ), passband ripplesp, stopband
attenuation 3, and ®,,, and ®,,, center frequencies of stopbands preéeding and

succeeding passband BP, are given for each of the bands.
Step 2: The desired frequency response of the FIR filter are modeled using trigonometric

functions for each band as reproduced below

& P
=S .
Hpm(m)— 5 coskppl@-a ) O .1 SOSOG ‘ é.1)
eoplo-a )
Hpm(m)=-—2-—<:oskp @ Op 1) ® 2 n-1 sose, -0 5.2)
1
Hpm(w)=——-——————-[w-(wbn—wzn)], (mbn-mm)SmSmbn —on 5.3)
©2n ™ ®pn
sk -y o b (230030
Hpm(m)=l+—2—smkp © - mbn-mpn , mbn_mpn Sose, -0, 64
8p
Hpm (0))=1+—2—coskpl[c)-(a)bn -a)nz)], ( Opn —mn2)$m Sop +o . (5.5)
ﬁp
Hpm (co)::l-o--—;coskp[co- (wbn +con2)], (wbn +(on2)5c05cobn + ©on (5.6)
bl ol (0 %0,0) |
Hpm(m)=l— [co- Opn +Ppn Jb Opn *Opn sese, +o 5.7
©2n = Ppn
H ()——»-8—’:— ink ( + )] (m + o )S(oSco (5.8)
pm ©)= 2 sin p(o Pbn ¥ Ozn /b bn * “zn s2,n+1 )
s .
Hpm((o)=-—2-smkp3[w-m52’n+1], msZ,n+lsmsms,n+l _ (.9)
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Step 3: The filter design parameters k,.k,;.k .k 3,0,,, 0 5, , along

®s2,n-1° “s2,n+
witheg, ando for various bands of the multiband filter are computed using equations

reproduced below

2[1 _(65 +8, H
2
k = (5.25)

P sp(msn - (l)c")

Note that equalization of slopes leads to §,=3, .

o 2=,

= —— (5.26)
P 6p (O)Sn — WOy

O =0y —(85/2)(031“ -mpn) . (52D

Note that equalization of slopes leads to 8,=6

1
Osn =P _(E_}
P

The value of @ canbe found directly from the specified value of (o, -, ) or

p

(mzn = ®pn )+mpn (5.19)
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Choosing m an integer we obtain,

o )= mpn-(m%)-fl (5.12)

P

Choosing n an even integer,

Kol =(—-m)—— (5.11)

Choosing p an integer,

= 3) 2z
®s2,n-1" (mbn_mzn)'(p+2)'l;— (5.14)
p

Choosing n0 an integer,

k= 2a(n0-p)/ ( @ n-1" ms,n-l)

2
“s2,n-1" “’s,n-1”("0'19),(—7t (5.14)
’ p2
Choosing q an integer we obtain,

= 3)2n
msZ,n+1—(‘°bn +‘°zn)+(q"'z)—k: (5.17)

Finally, choosing n2 an integer we obtain,
n2=42+q;
kp3=2"("2 -q)/ [ ogns1m @ ns |
We have chosenm =100,p=5,q=5,n0= p+2 =7,n2 =42+q =47.
Results: The magnitude and impulse response of the filter designed for the above design is as

shown in Fig.5.4 and Fig.5.5. The filter design parameters computed are k,, k;, K55 Kp3s

Opys Oz 5 Oy and @, for various bands of the multiband filter.
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From the frequency domain specifications obtained by measurements of the magnitude
response using SP toolbox it is observed that passband width and center frequencies of the
various bands are obtained as per Zwicker’s model, transition bandwidth is 35 Hz for each

band, maximum passband ripple sp is 0.14dB and minimum stopband attenuation 8 is 42dB

for each band. To meet these frequency specifications the minimum order of the FIR
multiband filter required is 1025. It is found that obtained specifications match closely with

the desired specifications.

A6.1.9 Filter Synthesis and Design of Lowpass FIR Filter using Modified
FRM Approach

Design Example: Consider the design of a lowpass, linear phase, sharp transition FIR filters
for the desired specifications: Cutoff edge is 0.8192 n, stopband edge is 0.8292 &, maximum
passband ripple is +0.1dB (0.2 dB) and minimum stopband attenuation is 40dB using the

proposed modified FRM approach.

Step 1: The desired filter specifications namely @, (05 ~oc), 5, and 8 are given. In Fig4.3,

for the ideal response shown, 0, =0, and @, =0,.

Step 2: Suitable k and M are chosen. M is choseri to be an odd integer.

Step 3: Obtain value of 6 for any given value of ¢ and using the model filter band edges
equation referring to Fig.4.3 :

6 =(P'M(ms _mc)
ie 6=0-M(o, -o,)
Step 4: Knowingk, M, 6 and ¢ the band edges of the various subfilters of the FRM filter are

obtained using equations below referring to Fig.4.3
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Band edges of model filter F,(Z*) are given by (K *‘l\i)ﬂ -0 g4 @K+ l\lzl)rr -9

Q@K +2)n+ (o +20) and K +2)=-6

Band edges of masking filter Fy,, are given by v,

QK +2)m-¢

Band edges of complementary masking filter F. are given by v,

and

(2K +2)n+6
M

(2K +2)n-(¢+206) and (2K+2)+6

Bandpass filter stopband edges are given by v v

K+n-9 (2K+2)4t-.9

Bandpass filter passbahd edges are given by v, v

Gain of bandpass filter given by A = .2_5%9_2)_5
-6+

Choose k = 3, M = 9 and 8 = 0.5367xn.The value of ¢ computed is ¢=0.6267x.
Three filters subfilters i.e. model, masking and bandpass are synthesized all with passband
ripple +0.01dB and stopband attenuation of 40dB. The specifications of subfilters band edges
measured using SP toolbox are as follows : Model filter passband edge is 0.8193 =, stopband
edge is 0.8293nm, masking filter passband edge is 0.8193n and stopband edge is
0.9485 n,bandpass stopband edges are 0.6999n and 0.9485 = ,passband edges aré 0.8193 =
and 0.8293 x ,center frequency is 0.8243 & and final FRM filter passband edge is 0.8193n and

stopband edge is 0.8293 n with a transition width of 0.01 & with passband ripple 3, of 0.13dB

and stopband attenuation 3 of 42.2dB are obtained for an sum of subfilter order of 287. The

band edges of subfilters obtained confirm to the designed value and the desired MFRM filter

specifications are also obtained.
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Appendix A6.2

LISTING OF PROGRAMS DEVELOPED INMATLAB

Introduction:

MATLAB stands for MATrix LABoratory. It is a technical computing environment for
scientific and engineering high performance numeric computation and visualization. It
integrates numerical analysis, matrix computation, signal processing and graphics in an easy to
use environment where problems and solutions are expressed in the same form as they are
written mathematically without traditional programming. MATLAB allows us to express an
algorithm in a few lines and to compute the solution with greater accuracy on a computer,
MATLAB is an interactive system whose basic data element is a matrix that does not require
dimensioning. It also features a family of application specific solutions called toolboxes which
are a collection of specialized functions in a specific area. Areas in which toolboxes are
available include signal processing, image processing, control system design, dynamic system
simulation, system identification, neural networks and others. It can handle linear, nonlinear,
continuous-time, discrete-time, multivariable and multirate systems.

Interactive Digital Signal Processing‘Tool SPTool: The SPTool command invokes a
suite of graphical user interface tools that provides access to many of the signal, filter and
spectral analysis functions in the tool box in a powerful, easy to use interactive signal display
and exploration environment. Using SPTool we can import, export and manage signals, filters
and spectra. From the SPTool you can activate its four integrated signal processing tools
namely the Signal Browser for viewing, measuring and analyzing time-domain information of

imported signals, the Filter Designer for desighing and editing conventional FIR and IIR filters
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of various lengths and types, with standard lowpass, highpass, bandpass and bandstop
configurations, the Filter Viewer for viewing the characteristics of a designed or imported
filter including its magnitude response, phase response, group delay, pole-zero plot, impulse
response and step response and the Spectrum Viewer for graphical analysis of frequency-
domain data using a variety of methods.

MATLAB programs are developed to model, design and implement proposed digital
FIR lowpass, bandpass and multiband filters as per their design. The program. computes
various filter design parameters, filter coefficients and displays the magnitude and phase
response from which filters specifications such as passband ripple, stopband attenuation,
passband, stopb and and transition width can be measured. Measurements are done using
Signal Processing Toolbox. Various desired specifications of the filter can be easily varied and
performance of the filter observed. Also a speech processing scheme for sensorineural hearing
impaired using multiband filters is implemented.

Following are the programs developed using MATLAB

MLP-1 MATLAB program to model and design Class I lowpass filter.

MLP-2 MATLAB program to model and design Class II lowpass filter.

MLP-3 MATLAB program to model énd design Class Il lowpass filter without slope
equalization.

MLP-4 MATLAB program to model and design Class III lowpass filter with slope
equalization.

MLP-5 MATLAB program to model and design Class IV lowpass filter.

MLP-6 MATLAB program to model and design Class V lowpass filter.

MBP-1 | MATLAB program to model and design Bandpass I filter.
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MBP-2

MCS

MFRM

MSP

MATLAB program to model and design Bandpass II filter.
MATLAB program to model and design Cascade filter.
MATLAB program to model and design Modified FRM filter.
MATLAB program to model and design FRM filter.
MATLAB program to model and design Multiband filter.

MATLAB program to implement speech processing scheme.
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