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ON THE QUALITY OF SPEECH PRODUCED BY 
IMPULSE DRIVEN LINEAR SYSTEMS 

Werner VERHELST 

Eindhoven University of Technology 
Institute for Perception Research 

P.O. Box 513, 5600 MB Eindhoven, The Netherlands 

ABSTRACT 

It is shown that a recently proposed technique for high qual- 
ity waveform manipulation can be formulated as a pitch- 
excited vocoder. This ‘waveform vocoder’ produces high 
quality speech over a wide range of prosodic modifications, 
showing natural sounding speech can be produced using an 
impulse driven linear synthesis model. 
In a pilot experiment, waveform vocoding techniques were 
applied on the LPC residue to investigate the relative im- 
portance of amplitude and phase in the synthesis of male 
and female voices. It was found that amplitude information 
contributed more to speech quality than phase information, 
and that, for male voices, amplitude information alone was 
sufficient to make the synthetic speech quality almost in- 
distinguishable from that of natural speech. 

information to uniquely det 

the all-pole model in the c 

1. INTRODUCTION 

In the basic model of speech production, voiced speech 
is considered to be the output of an impulse driven linear 
system, as illustrated in figure 1. Here, the time-varying 
filter h(n, m) models the combined spectral shaping effects 
due to the radiated glottal wave and the vocal tract re- 
sponse, while the pseudo-period of the impulse train rep- 
resents voice pitch. (Energy can be represented by a gain 
factor, which can be attributed to either the source, or the 
filter response.) 

speech production [3]. 

2. A PITCH-EXCITED LINEA 

2.1. High Quality Speech W b-bh U 

i ( 4  \Cl 44 

Figure 1.Impulse driven linear model for speech production. 

In what we will refer to as pitch-excited linear systems, 
or pitch-excited vocoders, the filter sequence is further as- 
sumed to be independent of the source. While this property 
can represent an advantage for low bitrate coding, it is very 
important for applications such as speech modification and 
speech synthesis, since it allows prosodic parameters such 
as pitch, timing, and energy to be readily manipulated. 

From observations of natural speech waves, it is clear 
that the time-varying impulse response typically lasts longer 
than a pitch period, such that a deconvolution problem will 

prosodic features of the s 
rithms can be classified 
modification strategies, a 
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so-called PSOLA algorithms obtained comparable scores 
amongst eachother, and proved to be far superior to stan- 
dard LPC. The non-parametric vocoder which we introduce 
in the next subsection can be considered equivalent to what 
is called a ‘simplified overlap-add TD-PSOLA’ algorithm 
in the terminology of 141, and allows important prosodic 
modifications of speech without affecting voice quality or 
naturalness. 

2.2. A High Qual i ty  Waveform Vocoder  

Analysis strategy 

From the input utterance ~ ( n ) ,  we construct a sequence 
of analysis pitchmarks p a ( k ) ,  which contains the sample 
indices of the zero-crossings at  the beginning of consecutive 
pitch periods (figure 2) .  

Figure 2. Definition of the sequence of analysis pitchmarks 
p a ( k j .  

Using this sequence of pitchmarks, we can derive an analysis 
procedure as illustrated in figure 3. 

Figure 3. Illustration of the analysis procedure. 

The input sequence i (n)  is constructed as an impulse train 
with a pseudo-period given by the length of the input pitch 
period 

+m 

i (n )  = 6(. - p a ( k ) ) .  
k=-m 

The time-varying filter impulse response at  time instants 
p , ( k )  is obtained by a simple windowing procedure, applied 
to the input speech wave 

h( n, Pa (k) ) = s (n)  .w (n ,  P ,  (k) j , 

where w ( n ,  pa 
window, centdlGhd at  p , ( k )  

represents an asymmetric hanning-type’ 

< < + 1) 
= o  

elsewhere 

Synthesis strategy 

Using the procedure described above, a speech wave 
can be analysed to obtain pitch information p , ( k ) ,  and 
a sequence of synthesis filters h(n,p,(k)), just like in any 
other pitch-excited vocoding scheme. Therefore, the syn- 
thesis strategy does not have to be different from standard 
approaches (the only particularities are that synthesis fil- 
ters are non-parametric FIR filters, and are specified at 
non-uniform sampling intervals (as in variable frame-rate 
vocoders)). Also, in accordance with the general pitch- 
excited synthesis model of figs. 1 and 3, the synthesis equa- 
tion is 

+W 

S(n) = i(m).h(n,m), 
m=-m 

where i (n)  and h(n,m) represent the source and filter pa- 
rametertracks, which correspond to the desired synthesis 
operation, and which are derived in the usual vocoder fash- 
ion. For the case of pitch modification, for instance, 

+W 

i(n) = 6 ( n - p J ( k ) )  
k=-m 

consists of a train of impulses spaced according to the de- 
sired pitch. The synthetic speech wave is then simply ob- 
tained as 

+m 

= h ( n , p J ( k ) ) ’  
k=-m 

Again as with standard vocoders, impulse responses h(n, 
p , ( k ) )  are obtained by interpolating between the samples 
h ( n ? p , r ) )  of the time-var ing impulse response that are 
availab e rom the analysis 3rh(n,m) = h(n,p,(argminklm- 
p,(k)l)) in the case of zero-order interpolation). 
In a similar way, speaking rate modification can be achieved 
by appropriate time-scaling of analysis parametertracks. 
Figures 4 and 5 show examples of pitch modification and 
speech rate conversion, respectively. 

2.3. Discussion 

With the waveform vocoder described above, analysis- 
resynthesis trivially leads to an identity operation since 
analysis windows are constructed such that they add to one. 
Therefore, 2 n) = x k  h(n,p,(k))  = s(n). & w(n,p,(k)) = 

hig -quality non-parametric vocoder, as it allows modifica- 
tions of prosodic parameters in the usual vocoding fashion, 
and maintains high quality and naturalness. 

s(nk Nevert 6 eless, the system must be rightfully called a 

‘Other window types can also be used, provided that they smoothly 
taper down to  zero. (For the experiment in section 3, an asymmetric 
trapezoidal window was used.) 
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By specifying the synthesis filter as a sequence of finite 
duration impulse responses, the deconvolution problem was 
circumvented (rather than solved), and the attractiveness 
of vocoding systems was reconciled with the high quality of 
waveform processing. We therefore reach the conceptually 
important conclusion that natural sounding speech can be 
produced using an impulse driven linear synthesis model 
(i.e., the most simple production model that is conceivable). 

Figure 4. Illustration of pitch modification. 

Figure 6. Overview of speech 
and synthesis. 

Figure 5. Illustration of speech rate conversion. 

3. A STUDY OF ACOUSTIC FEATURES FOR 
HIGH QUALITY VOCODERS[5],16]. 

In practice, the waveform vocoder can be applied in 
speech modification and text-to-speech systems to obtain 
better speech quality than with current LPC-based sys- 
tems. Waveform vocoding strategies, including prosodic ~i~~~~ 7. speech sy 
manipulations, can also be applied on the LPC residue [4]. a waveform sy As illustrated by figure 6, this property can be used to 
systematically investigate which acoustic features of LPC 
vocoders require most improvement to produce high quality 
speech. 
In a first step, a sequence of LPC filters is obtained from a 
standard LPC analysis procedure, and used to compute the 
LPC residue r ( n ) .  Subsequently, the waveform vocoders 
analysis strategy can be applied on r ( n ) ,  using a time- 
varying pitch-synchronized windowing function. The re- 
sulting sequence of FIR synthesis filter responses fcor(n, 
p,(k)) can then be considered to represent a time-varying 
correction filter: the cascade connection of fcor(n, m) with 
the LPC synthesis filter j ~ p ~ ( n , m )  constitutes an opti- 
mized synthesizer that will produce high quality speech over 
a wide range of prosodic manipulations (figure 7). 

synthesizer. 
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versions was judged by twelve subjects in a paired compar- 
ison experiment. This resulted in 2880 scores x,jklmr which 
express the degree of preference for a second version of an 
ordered pair i,]), as stated on a 5-point scale (-2.  . . + 2) 
by subject k I or sentence 1 read by speaker m. 

Table 1. Utterances used an the experiment (text material 
codes B . . . Z are explained in table 9; shown boldfaced is 
the largest subset that contains balanced male/jemale utter- 
ances.) 

I 
Original 4 i 
Zero 4 i 

Original A Constant A 
1 2 
3 4 

Table 2. Version numbering as a function of amplitude ( A )  
and phase (4) conditions of the modified correction filter. 

I__~ 

Sentence 
De bomen waren helemaal kaal 
Hii Drobeerde het nog een keer 

Code 
B 
K 

1 Riiden onder invloed is strafbaar I R I 
I *  I I 

Toch lijkt me dat een goed voorstel I V 
De zak zat vol oude rommel I Z 

Table 3. Dutch text materzal used in  the experiment. 

In a preliminary analysis of the data, we used a lin- 
ear model to express preference scores as the difference in 
quality of versions j and i: 

Xtjklm = aj - a, + bijklm,  

This overdetermined set of equations in the four unknowns 
CY, can be solved in the least squares sense to minimize the 
RMS value of the error term &klm under the constraint 
that  E, a, = 0 (since we measured preferences, the inherent 
qualities CY, are determined to within a constant offsett). 

From the results shown in figure 8, we can conclude that 
the version with corrected amplitude information has a bet- 
ter overall quality than the version with corrected phase 
information. Also, corrections to amplitude or phase infor- 
mation alone did improve the quality of the LPC vocoder, 
but not up to the point of achieving the same overall quality 
as the original PCM speech. 

- Quality + 

12 ' l  I 
.3 

 CY^ = 0.58 
a2 = -0.19 

0.28 
0.4 -0.66 

Figure 8. Relative quality of (1) natural speech;(k') LPC 
vocoder with corrected phase;(3) LPC vocoder with corrected 
amplitude;(d) LPC vocoder. 

In order to investigate possible differences between male 
and female voices, we analysed two data subsets separately: 
one subset pertains to 7 male utterances, and the other to 
the corresponding 7 female utterances as shown in table 2. 

The results in figure 9 show that the overall quality loss 
between natural speech and its LPC counterpart was more 
important in the case of female voices, and that correction 
of amplitude information alone was sufficient to give the 
synthetic speech a quality which was almost indistinguish- 
able from that of natural speech in the case of male voices. 

- Quality + 
Male voices 

 CY^ = 0.42 
a2 = -0.10 
a3 = 0.29 
aq = -0.61 4 

Female voices 
= 0.75 

a2 = -0.29 

a 4  = -0.66 
as = 0.20 

Figure 9. Results of analysing male and female utterances 
separately. 

CONCLUSION 

It was shown that there exists an equivalence between a 
high quality waveform manipulation technique, and a pitch- 
excited vocoder. As this waveform vocoder generates nat- 
ural sounding speech over a wide range of prosodic mod- 
ifications, it was concluded that an impulse driven linear 
synthesis model can produce high quality speech. 

It was shown that waveform vocoding techniques can 
be used to systematically investigate which acoustic fea- 
tures are perceptually important for high quality speech 
synthesis. In a pilot experiment, it was found that the 
LPC residuals amplitude information contributes more to 
overall speech quality than its phase information, and that,  
for male voices, amplitude information alone is sufficient to 
give the synthetic speech a quality which is almost indis- 
tinguishable from that of natural speech. 
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