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The global spectral envelope is particularly important in the perception of 
sound. The use of a parallel bank of l ine~r phase FIR filters for a versatlc ~nd 
high quality acoustic synthesis is suggested. The dynamic par~mctcr control 
techniques lcenter frequency, bandwidth, ~mplitude ~nd shape) starting from 
lowpass prototype filters arc studied. Finally, two imp l emcntJtion models with 
different control modes are presented. 

1. lNHlOllLICTION 

The i mporti.1nc€: of g') obal spr,ctral enve·l ope of 
sounds in timbre perception is well known. Many 
mu•;·i Ci.l.l i n~:.tT·umr:nt!:;, i ncl ud·i nll the human voi cc:, 
can be modelled as resonating cavities excited 
by an acoustic wavrform.The sound is therefore 
marked by the energy concentration in certain 
~re~ s of the spectrum called formJnts. Thus 
digita l filters having a suit~blc frequency 
l"c~;pon~;e, c,Jn bE: sucu:c;sfull y used fop •;ound 
synthesis. The features of the filters are not 
stationary but time varying . To mJke 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 parameters are those of the 
foPmants. 

Two main type~; of models arc usr:d, casc~dr, and 
paPall e·l r ·11. In the cascade model, a change of 
a formant parameter ((,g, amplituci~J o·ftr:n 
influences in an une xpected way the other 
fopmants. An e,Jsier contt•ol is obtained in the 
parallel models whePe interferences Jrc much 
less. The use of a 2nd order IIR filter for 
each para.ll el branch presents the inconvenient 
that form~nt spectra Often do not sum up with 
the dcsiPed phase relationships when the 
parameters vary. Thus, disturbing interferences 
and cancelations occur in the spectrum which 
are not easy to avoid. 

To overcome this problem we suggest the use of 
linear phase FIR fi lters. The model here 
considered consists of a parallel st ructure of 
M bandpass linear phase FIR filtePs, where M= 
number of formants, centered on the resonance 
frequency fc of each formant. The convo lution 
of the total impulse response with a train of 
·i nlpul ses supplies the output si gnill. The 
convolution is computationally efficient due to 
the null samples between 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 ti me and 

fPequency domai nr.,, to produce a varyin!J sound. 
Th·i s idea is i mpl ·j ci t in various ilPPPoaches: to 
suond synthesis [2- 121. This work illustaratcs 
the dynamic control techniques of FIR filters 
fop a vepsatile and high quality acoustic 
synthesis. 

2. FORMANT SYNTHESIS BY MEANS OF FIR FILTERS 

The model of sound production source and l~neJr 
fi I t:er i mpl i ~er; that thr, ~;i gna'l be dr,ti nc:d by 
slnJ o: elnJ x g(nJ, that is, the convo l ution of 
an input c>i <Jndl el nJ und the impulse rr,sponsc 
g(nJ of the f i lter. I n our model we approximate 
sI nJ with 

M 
(1 J PlnJ = ulnJ x hlnJ == L, u<nJ x h,ln) 

I 
whet'e ulnJ is ,J qua·:,i pePiodic, unit impulse 
sequenc~e; hlnl ·is the ovt::l'ii.l rcc.pon;jc of the 
filter bank, and h,lnJ the Peponse 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 impulse hypothesis is 
justified by the possibility of blending into 
the impulse response different shapes and 
amplitudes of the input , Furthermore, these 
hypothesis make the implementati on of the model 
particularly efficient. The spectral envelope 
of rlnJ must be perceptively il good 
approximation of the one of c,( nJ. TherefoPe, 
~he spectrul envelope of the input and the 
transformation is globaly approximated, The 
phase lineurity and parallel structure 
hypothesis helps to supply an indipendant and 
perceptively significant control of the sound 
parameters. Note that natural systems are 
genera '11 y not l i neur phase. But imposing a 
linear phase can resolve many problems in 
dynamically controlling the parameters. On the 
other hand, it's not very dumagi ng being the 
spectral envelope much more important than the 
phase. 
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3, CO:!TROLL.HIG THE r>l'lfl()METE!l f, OF A FOI~M()NT 

We have to design a linear phase Fill filter for 
each formant, in which ccntrJl frequency, 
li<Jrrclwi clt:h, amp ·l·ituclu. ilnd !:;h.Jpr" !ilrou·l d l:lu 
dyn<Jmically controlled. We suggest to stJrt off 
from some low pass FIR filter prototypes and 
changing their features in a dynamic manner, 
for major flexibility, by means of appropriate 
transformations. Here, to simplify we consider 
non--c,JU!: .. Jl filter":,, symetr·i c to zeroo, with an 
odd lr,ngth, The corrc";pondi ng caus,Jl version is 
the one suitably time delayed. 

Let h,_p ( n l be the impulse r·esponse of tllf" low 
p<Jss filter pr·ototype; thr,n equivalent b,liHJ-­
pass vr,r,;ion h .. ..,(n) wi'll have the following 
inlFil.l lSe T'eSFIC)flSe 

(%) h.,,., ( n l lh __ .,(nl • co~:;(2nf .,nl 

~I I 

In I!;-
2 

where fc is the normalized center frequency of 
the formant region. Being BW the bandwidth of 
lr .... ,.,, the bandwidth of h"" will be 2•BW if 
BW>fc; otherwise it will be fc ·• BW. 

The bandwith cont.Tol can be obtained in the 
following way. From the theorem of scale change 
of the Fourier tranform we have: 

(3) Fl h(b•tl l = 1/b • H(f/b) 

where F ( • l i ~; the Foup·i eT' tPansfor•m. Si nee J 

reduction of the temporal scale determines un 
i nvePse wi deni nq of tlu, form ant's b,J.ndwi dth. 
Let b be the bandwidth increment (or decrement) 

the ratio between the 
2•8W. The impulse 

filt2r which will 

which is to be obtained, 
desired bandwidth and 
response of the low pass 
supply the desired bandwith becomes: 

If the hLP(n) samples are stored in a table, 
the h'Lp(nl impulse response can be obtained by 
reading the table scanned with a step value b. 
The frequency amplitude of the form~nt will 
deminish by factor B. It is advisable to allow 
for this effect in the final sum of the various 
formants. For non-integer b values the h' .... ,_,(nJ 
coefficients are obtained from the tuble with a 
su itable intePpolation. 

It is often useful to huve more detailed tables 
containing various intermediate values between 
the initial values. This implies the designing 
of FIR filters for higher sampling rates and 
operating with multi -rate systems. Being these 
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 modification techniques that will 
be stated further on. 

The amplitude control of the VJrious 
i~i fl(~T,fC)J.'nle!J wl·1er1 W(~ !;tJIII tt1c VJT,ious 
branches. Consider the prototype 
noPmd·l izc<cl ·~o t:hat· H,_,_,(()) " ·1, Lr!.t 
amplitude of the k -t h formant ilnd 

foPmants 
p,wallc<l 

anq:d i tu de< 
d,, be the 

the impulse response of the k· th parallel 
branch, obtained by means of the above 
mentioned techniques. The global impulse 
response of the stated system, composed by M 
fopmants, wi ·11 be 

(6) h ( n l 

whePe ck 
vaPiation. 

band 

The dynami c control of the system is ensured by 
th1' updatin<J of the p,w,lmeter•:, ,Jk, b . , fock• It 
is advisable that these par<Jmeters be constant 
in the construction h"(n) thus not hampering 
the filter's oper<Jtions. Thcreforc, the 
updating must be performed in a synchronised 
manner to the pitch period or by one of its 
multiples and only for the h"(nl that is about 
to st<Jrt. It cJn be observed that normally the 
fi 1 tcP ' s length i !> ·1 onuer th,ln thr' pitch 
pePiod. ThePei'oPr<, cloc-,c to a variation, one 
impulse response <Jccording to the former 
parJmeters overlaps one impulse response 
accoPding to thc latter parameters. Thus we 
obtain a smooth interpolation between the 
parameter-s and a good dynamic behaviour. 

'•, IMPUME~IT()TION 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 desti ngLI'i s h the ovr,ral amplitude 
envelope of the sound from the relative formant 
amplitude. The former may vary very rapidly in 
many cases while the latter varies more slowly. 
This difference has its operative importance as 
it corresponds to a common thought among the 
users of soun d synthesis techniques. We will 
c·,J ll ()(nl the ovel'<J l amplitude envelope and a'" 
the relative amplitude of the k th formant. The 
ovePal impulse response wi 11 be once again 
given by (6) but in which c" = a'k • bk, The 
overal amplitude wi ·11 be cow.oi dePed after the 
convolution with the excitation. The 
synthesised signal wi'll be 

171 rlnl = A(nl • [ h(n) x ulnl J 

The first implementation model which we will 
call qlobal realizes this expression. It 
firstly calculates the overal response hlnl of 
the system and then makes the convolution. The 
second model, ca'll cd additive, pePforms the 
convolution for each formant indepcndantly 



then its su1ns tl1c vaT,ious j ,,es1.1lts. ·rhc 
amplitude control i s p~rformed on each parcllel 
lwanch. The fonowing expJ'ession is c.JlculJted: 

(:)) r<nl 
M 
Ik Ck<nl· lhk<nl •u<nll 
I 

Both models first calculatQ the hk<nl and thus 
do not diffQr for their control modes of the 
formant center frequencies and bandwidths. They 
diffe r in the formant amplitude control The 
h ro~~.t modr<l ltd~'> a ·1 ow updati nq p;.ll'ilmr!'l: ce~' T'ilte 
and performs one convo lution. On the other hand 
intermodulation may occur between audio signal 
and the parameter control . The second model 
allows major versJtility and cont rol 
flexibility, du e 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. 
~!ormd ·l·l y in th i s case the ovcr'al envelope is 
absorbed in those of the single formants. 

It can be observed from (5) thJt the 
computation of hk<nl can be accomplished as a 
product of two tables scanned by a non unit 
~;tq•. The fir•:>t corrta ·ins the choc-,cn prototype, 
the second the cosine and it is cyclicly 
scanned with a step proport ional to fck· Th~ 
hk<nl of each for mant are synchronised with 
respect to the c~ntral point t hus maintJining 
the overal phase linearity. The symm etry can be 
exploited by calculating only half hk<nJ 
starting from the central point, symmetrically 
copying the remaining. This operation requires 
of a s uitable butter to perform · these 
cJlculations before convolution, that is before 
s umming with other prior impu lse responses yet 
to bE: tc:rmi natecl. Thus, a bufh::r is nect::s '~Jry 

for each different impulse respons e thJt occurs 
at the same time. Furthermore, h<nl must be 
ready L instants before the impulse, where 2L • 
1 is the maximum length of h<nJ. 

The excitation impulse frequency determines the 
pitch of t he rr,su l ti ng sound. Therefore, Jp,Jrt 
from matching the melody it must be carefully 
controlled in the trJnsitions. In t he st~ady 

state it will vary around the medium value 
periodically and in an aleatory mJnner <often 
1/f type). These variations, as stated, a'llow 
the pePcepti on of the spectral r'nvel opr, and the 
fusion of the sound's components. lt can be 
observed that the excitJtion impulses arc only 
a temporal reference of the impulse responses 
and don't need to exist physically. Therefore, 
the impul ses can be fixed in interme diate 
instants between two effective sig nal samples. 
Being hLP Jnd the cosine value defined by the 
tables, just displace the central point 
reference, which will no longer coincide with J 

sampling instant. This Jllows to avoid the 
pitch period quantisation, which can be 
troubling particularly at l ow sampling rate. 
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5. FORMnNT 5HnPE CONTROL 

The formant shape 
passbancl and by the 
which we wil 'l c<.~ ll 

two parts often 
transitio n occurs 

1s characterised by the 
adjacent minor energy area, 

skirt . The amp li tudes of the 
have a different ratio and 
in a diff~rcntiJtcd mode. 

Ther efore, onQ prototypQ is not sufficient. n 
first foromant sh<.~pe control is obtain~d by 
designing various prototypes suitable for the 
va,~iotJS l: ir~l : t .llllStJrll: c~~. Stat·ld~r~,j IJJettlc>ds s tJCil JS 

window t~chniqu ~s , Jnd minimJx approximation 
can be u s ~d . nnJlytic formula~ can al s o be 
rmp .loycd, ~;o me of which .we U'3ed fol' window 
design 1131. Figure 1 shows a spectrum with 
four formants produced using a simple gaussiJn 
window Js prototype. 
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O f t~n moroc continuous variations Jnd 
independant control of various parts of the 
shape arc required, without having an excessive 
number of prototypes. Due to this J i m some 
dynamic transformation techniques of the 
prototype wer e us ed, pJrtly deriv ed from 
cur-rently employed musical synthesis 
techni que:~~. l14J. !'IIHOiliJ tll!; most promising we 
point out: ~;ummi nu of 1h ffcrr,nt p!'ototype•.:.; 
look - up, having a variable step, of the table 
containing the prototype; amplitude modulation; 
non-linear distortion. nn example of non linear 
distortion of hL~ i s given in figure 2. 
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Figu r e 3 shows Jn exJ mp J e of Jmpl i tude 
modulJt i on app l ied to J gJussian prototype. The 
t r ansformed prototype h ' L~ is give n by 

(9) h ' ,_..,(n) :cc hu,(n) • 1:·1-•-am • co~> ( 2n f~ nl J 

I I ' /'1 
{ '\ 

I ,· I I ' I I, 
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:' 
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\ 
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F i <JUT"r' 3 

()n othr'r u~o~f : fu·l tr,chn·i qur, i '> to 
the shifting cosine in (2), even 
di stoT"tion in phase lincaT"ity. 
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phcl'~C modulate 
if it pT"oduccs 

The i mpul sr' 
T"csponse of the T"esulting bandpass fi I tC! T" 1 s 

The fig ur e 4 shows the effect of using a 
gauss i an window as modu l ating function. 
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6. RESULTS ()ND DISCUSSION 

We i mpl emented the paT"al l e l for mant synthesizer" 
( 1 channel, 4 toT"mantsl i n real ti me o n a TMS 
32020 micT"oprocessor system and now we are 
testing i ts perfo r mance. The two imp l cmentJtion 
mode l s have been peal i zed using various 
prototype filteT"s. The gaussian wi ndow T"esulted 
turned out to be one of t he best fop acoustic 
T"csonance simu l ation. It is stoT"ed in a table 
ot 1024 values. Working at a 44 kHz s,lmpling 
rate a minimum ban dwidth of 40Hz can be 
obtained. In t he imp l ementation of phase 
mod ul ation, instc, ,Jd of putti ng in thr' t,Jble the 
phase distorting function 0(n), we pprferred to 
u~;e the difhPences ll.0(n), whi eh give the step 
increm~nts for the cos i ne table look· up. 

In r::onr::lu~~.-ion, t:l1r pr·opo~~.l'.d modr> l allowc·, a hi!_lh 
qua l ity s ynthesis of inst r umental and vocal 
sounds, wit h a T"r::dur::rd numbr::T" of pr::T"cr:: ptually 
T"r::levant contT"ol parameters. In paT" t icular the 
globa l modr:,l i:; computationally morr:' r,ffir:ient. 
In the case of s l ow variation with respect to 
the impulse T"esponse duPation, the 
intcrmodulation, intT"oducrd by the di scT"ete 
updat·i nq of contPol pi.ll'.JIIIr,tePs, i" nr,gl·igible . 
The additive model is moPe vr::T"sati l e and can 
pT"odur::e a gT"eat vaT"iety of sounds. MoPe fT"cedom 
i(.:> a·llowc~d in p,JT,I.ltHC::tc:P cont ,,o·l: for examp1 c.::, 

the pitches of different foT"mants need not be 
£,qual. However', the i ntr::Pmodu'I.Jtion pr•ob·l r'm m<Jy 
occ uP. F·i n;_d .ly, it i~; e>l.l'l-·ficir::nt to ~;pecify the 
amplitude envelopes of evePy foT"mant by 
d~fining 8 - 16 breJI<points and us 1ng l inear 
i ntePpo ·l ati on, 
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