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DYNAMIC CONTROL OF FIR FILTERS FOR SOUND SYNTHESIS
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The global spectral envelope io particularly dimportant in the perception  of
sound. The use of a parallel bank of lincar phase FIR filters for a versatle and
high quality stic synthesic o suggested.  The dynamic parameter  control
techniques  C(center frequency, bandwidth, amplitude and shape) starting from
Towpass prototype filters are studicd. Finally, two implementation models with
different control modes arc presented.

1. INTRODUCTION frequency domains, to produce a varying sound.

The dimportance of global spectral cnvelope of s Bies 13 jmp]icit In Uafiou: GPPPOJChES: Lt

N . R ‘ i ! suond synthesis [2-121. This work illustarates
sounds in timbre perception is well known. Many the dynamic control techniques of FIR Filters
musical dnstruments, including the human voice, faw % vevsatilé and.uhiqh qua]ifQ acoustiﬁ
can be modelled as resonating cavitics excited o ’ )

by an acoustic waveform.The sound is therefore
marked by the energy concentration in  certain
areas of the spectrum called formants. Thus
digital filters having a suitable frequency
response,  can  be successfully used for sound
synthesis., The features of the filters are not
stationary but time wvarying. To make use
simpler it is advisable to formulate the model
in such a way that the parameters . that
influence the sound can be separately
controlled, In our case the perceptually
significant parametcers  are  those of the
formants.

Two main types of models are used, cascade and
parallel [11. In the cascade model, a change of
a formant parameter (eg. amplitude) often
influences in an unexpected way the other
formants.,  An easier control is obtained in the
parallel models where interferences are much
less. The use of a znd order ITR filter for
each parallel branch presents the inconvenient
that formant spectra often do not sum up with
the desired  phase relationships  when the
parameters vary., Thus, disturbing interferences
and cancelations occur in the spectrum which
are not easy to avoid,

To owvercome this problem we suggest the use of
lTinear phase FIR Ffiltors, The model here
considered consists of a parallel structure of
M bandpass Tinear phasc FIR filters, where M =
number of formants, centered on the resonance
frequency f. of cach formant. The convolution
of the total impulse response with a train  of
inpulses supplies the output signal. The
convolution is computationally cfficient due to
the null samples betwcen one impulse and the
next. It is interesting to note that this model
is related to the idea of using sums of
elementary waveforms, traslated in time and

synthesis,

2. FORMANT SYNTHESIS BY MEANS OF FIR FILTERS

The model of sound production source and 19near
filter dmplies that the signal be defined by
s(n) = e(n) x g(n), that is, the convolution of
an input signal e(n) and the impulse response
g(n) of the filter., In our model we approximate
s(n) with

M
1) mn) = uln) x h(n) = ¥; utny x hy(n)

1
where uln)  is a quasi periodic, unit impulsc
sequence;  h(n)  is the overal response of  the
filter bank, and hy(n) the reponse of the j-—-th
parallel branch.

The hypothesis of a quasi periodic excitation
results to be reasonable for the nature of many
types of sounds. The unit impulsce hypothesis ig
justified by the possibility of blending into
the impulse response different shapes and
amplitudes of the input. Furthermore, thesc
hypothesis make the implementation of the model
particularly efficient. The spectral  envelope
of o) must be perceptively a good
approximation of the one of a(n). Thercefore,
the spectral envelope of the input and the
transformation is globaly approximated. The
phase Tinegarity and parallel structure
hypothesis helps to supply an indipendant and
perceptively significant control of the sound
parameters, Mote that natural systems are
generally not linear phase. But imposing a
linear phase can resolve many  problems in
dynamically controlling the paramcters. On the
other hand, it's not very damaging being the
spectral  envelope much more important than the
phase.
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A, COMTROLLING THE PARAMETERS OF A FORMANT

We have to design a Tinear phase FIR filter for
cach Formant, in  which amtral  frequency,
bandwidth, amplitude and shape  should be
dynamically controlled. We suggest to start off
from some low pass FIR Filter prototypes and
changing their features in a dynamic manncr,
for major flexibility, by mecans of appropriatc
transformations. Here, to simplify we consider
non-—-causal Filters, symetric to zero, with an
odd Tength., The corresponding causal version is
the one suitably time delayed.

Let hoe(n) be the impulse response of the low
pass  Filter prototype; then equivalent band-
pass  version hye(n) will have the following
impulse response

N

(23 Mg (N) = hee (N v cos2nfend |n fs

where fe i the normalized center frequency of
the formant region. Being BW the bandwidth of
hee, the bandwidth of hge will be 2«<BW if
BW>Fe; otherwise it will be fo + BW.

The bandwith control can be obtained 1in  the
following way. From the theorem of scale changeo
of the Fourier tranform we have:

(3) F{ h(b«t) } = 1/b = H(fs/D)

where F{=) is the Fourier transform. Since a
reduction  of the temporal scale determines an
inverce widening of the formant!s bandwidth

et b be the bandwidth increment (or decrement)
which is to be obtained, the ratio between the
desired bandwidth and 2-~BW. The impulse
response  of  the low pass filter which will
supply the desired bandwith becomes:

(4) h'ueCn) = hueCbxn)

If the hee(n) samples are stored in a table,
the h'ee(n) impulse response can be obtained by
reading the table scanned with a step value b.
The frequency amplitude of the formant will
deminish by factor B. It ig advisable to allow
for this effect in the final sum of the various
formants., For non-integer b values the h'i s(n)
coefficients are obtained from the table with a
suitable interpolation.

It is often useful to have more detailed tables
containing wvarious intermediate values between
the initial values. This implies the designing
of FIR filters for higher sampling rates and
operating with multi-rate systems. Being thece
low pass filters, the added values can be
normally obtained by linear interpolation.

The shape control of each formant is obtained
by designing the prototype filter in a suitable
manner or by medification techniques that will
be stated further on.

The amplitude control of the various formants
i performed when we sum the various parallel

branches. consider  the prototype amplitude
normalized o that H_.(0) = 1, Let ae be the
amplitude of the k-th formant and

(5) e Cnd = hige (B nd »cos(Znf cwn)

the impulee response of the k-th parallel
hranch, obtained by  means  of  the above
mentioned techniques. The global impulse
response  of the stated system, composed by M
formants, will be

M
(4) BER) = Xy G helhd
1

where iz = dkrbe to  consider  the band
variation.

The dynamic control of the system 19 ensured by
the updating of the parameters aw, be, few. It
is advicable that these parameters be  constant
in  the construction he(n) thus not hampering
the Filter's operations., Therefore, the
updating must be performed in a synchronised
manner to the pitch period or by one of its
multiples and only for the he(n) that is about
to start. It can be observed that normally the
filter's length is  longer than the pitch
period. Thercfore, close to a variation, one
impulse response  according to  the former
parameters overlaps one impulse response
according to the latter parameters. Thus we
obtain a smooth interpolation between the
parameters and a good dynamic behaviour.

4. IMPLEMEMTATION OF THE SUGGESTED MODEL

To implement convolution two different models
are suggested to which two different control
modes of formant amplitude apply. Often it is
useful to destinguish the overal amplitude
envelope of the sound from the relative formant
amplitude. The former may vary very rapidly in
many cases while the Tatter varies more slowly,
This difference has its operative importance as
it corresponds to a common thought among the
users  of sound synthesis techniques. We will
call atm the overal amplitude envelope and a'w
the relative amplitude of the k th formant. The
overal impulse response will be once again
given by (&) but in which ce = a'w » be. The
overal amplitude will be considered after the
convolution with the excitation. The
synthesised signal will he

(7 m(n) = A(n) « [ h(n) x utn) 1

The first implementation model which we will
call global realizes this expression., It
firstly calculates the overal response h(n) of
the system and then makes the convolution. The
second model, called additive, performs the
convolution for  each formant independantly



then its  oums  the wvarious results, The
amplitude control is performed on each parcllel
branch. The following expression i5 calculated:

M
T Crelm)»lhe(n)=uln)l
1

(§:D] min)

Both models firet calculate the he(n) and thus
do  not di a For their control modes of  the
Formant center frequencies and bandwidthe., They
di in the formant amplitude control. The
first model has a lTow updating parameter rate
and performs one convolution. On the other hand
intermodulation may occur between audio signal
and  the parameter control. The second model
allows major versatility and control
flexibility, due to the fact that we can define
continuous amplitude envelope for each formant.
It requires a larger amount of data for this
control and furthermore M convolutions.
Mormally in  this case the overal envelope 15
absorbed in those of the single formants.

1t can be  observed from  (H) that the
computation of he(n) can be accomplished as a
product of two tables scanned by a non-unit
step.  The firoet contains the chosen prototype,
the sccond the cosine and it s cyclicly
scanned with a step proportional to few. The
he(n) of each formant arc oynchronised with
respect  to the central point thus maintaining
the overal phase lTincarity. The symmetry can be
exploited by calculating only half hiaet 1)
starting from the central point, symmetrically
copying the remaining. This operation requires
of a suitable buffer to perform these
calculations before convolution, that ie before
summing with other prior impulse responses yet
to be terminated. Thus, a buffer is necessary
for each different impulse response that occurs
at  the same time., Furthermore, h(n) must be
ready L instants before the impulse, where 2L
1 is the maximum length of h(n).

The excitation impulse frequency determines the
pitch of the resulting sound. Thercfore, apart
from matching the melody it must be carcfully
controlled in the transitions. In the steady
state it will vary around the medium value
periodically and in an aleatory manner (often
1/f type). These variations, as stated, allow
the perception of the spectral envelope and the
fusion of the sound's components. 1t can be
observed that the excitation impulses arc only
a temporal reference of the impulse responses
and don't need to exist physically. Therefore,
the impulses can be fixed in intermediate
i ants  between two cffective signal samples.
Being hee and the cosine value defined by the
tables, just displace the central point
reference, which will no longer coincide with a
sampling instant. This allows to avoid the
pitch period quantisation, which can be
troubling particularly at Tow sampling rate.
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5. FORMANT SHAPE CONTROL

The formant oshape 1o characterised by  the
passband and by the adjacent minor energy arca,
which we will call skirt. The amplitudes of the
two  parts  often have a different ratio  and
transition occurs in a differentiated mode,
efore, once prototype is not  sufficient. A
formant  shape control is  obtained by
designing various prototypes suitable for the
various circumstances. Standard methods such as
window niques, and minimax  approximation
can  he  uscd.  Analytic Formulae can also  be
employed,  come  of which are used for window
design (131, Figure 1 shows a  spectrum  with
four formants produced using a simple gaussian
window as prototype.
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often mor e continuous variations and

independant  control of various parts of the
shape are required, without having an excessive
number  of  prototypes.  Due to this aim  some
dynami ¢ trancformation techniques  of the
prototype were used, partly derived from
currently employed musical synthesis
techniques (141, Among the most promising we
point out: summing of different prototypes;
look-up, having a variable step, of the table
containing the prototype; amplitude modulation;
non-linear distortion. An example of non lincar
distortion of h_ . i given in figure 2.
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Figure 3 shows an  example of amplitude
modulation applicd to a gaus an prototype. The
transformed prototype h'y e 1% given by

(?) h'ee(n) = hee(n) = [leam = cos(zn fa n)l

| ‘ gl 2aB

!
Il e
/ |
| i
i !
) |
| |
! \
-804B
Figure 3

an  other useful technique is to phase modul ate
the shifting cosine in (2), even if it produces
distortion in phase Tinearity. The impulse
response of the resulting bandpass Filter is

QR D] hue(n) = hep(n) rcos(Znfen + 6(n))

The figure 4 chows the offect of using a
gaussian window as modulating function.
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Figurc 4

4. RESULTS AND DISCUSSION

We implemented the parallel formant eynthesizer
(1 channel, 4 formants) in recal time on a THS
32020 micreprocessor system  and now we are
testing its performance. The two implementation
models have been realized using various
prototype filters. The gaussian window resulted
turned out to bc one of the best for acoustic
resonance  simulation. It is stored in a table
of 1024 values. Working at a 44 kHz sampling
rate , a minimum bandwidth of 40 Hz can be
ohtained. In the implementation of phase
modulation, instead of putting in the table the
phase distorting function 8(n), we preferred to
use the differences ae(n), which give the step
increments  for the cogine table Took- up.

In conclusion, model allows a high
quality synthe rumental and  vocal
sounds,  with a reduced number of perceptually
relevant control paramcters.  In particular the
global model is computationally morce efficient.
In the case of slow variation with respect to
the impulse MESPONSE duration, the
intermodulation, introduced by the diccrete
updating of control parameters, s negligible.
The additive model i more versatile and can
produce a great variety of sounds. More freedom
is  allow in parameter control: for example

the pitches of different fFormants need not be
equal. However, the intermodulation problem may
ocecur, Finally, it is sufficient to specify the
amplitude envelopes  of  euery formant by
defining 14 breakpoints and using  linegar
interpolation,
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