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1. INTRODUCTION 

In literature many methods are mentioned to establish the quality of 
speech coders. The most commonly used measure defines �ome kind of 
signal-to-nois� ratio between the outgoing and incoming speech of the 
coder. Such an objective measure hardly has any correlation ,with methods 
in which subjects judge the speech qua Ii ty of a coder. For the latter 
various tests have been designed, where coders are evaluated with help of 
subjects. Well known examples of such tests are the Mean Opinion Score 
(Daumer and Sullivan 1982, Goodman and Nash 1982}, where the quality of 
the speech is expressed in terms such as "good", "fair" and "bad",. and the 
Diagnostic Rhyme Test (Voiers, 1983), which gives diagnostic information 
about the confusion of phonemes. Each of these tests only e.stimates one 
aspect of speech quality and usually only one ·test 'is applied to establish 
the quality of a coder. Our a.ini is to evaluate coders on various 'aspects: 
The intelligibility, the speaker identifiabill ty, and the acceptability. This 
paper only deals with the first and second aspect. Later on we will 
concentrate more on naturalness and acceptability. 

·For the first aspect a word intelligibility .test with subjects is designed. 
This test. measures intelligibility on a segmental or phonemic level. Supra­
segmental features are not considered in this phase of the project. Results 
of this test are in terms of percentages of words correct and confusion 
matrices of phonemes, which can be used for diagnostic purposes. 
For the $econd aspect a speaker identifiability test has been designed in 
which subjects have to identify persons on the base of read aloud passages 
of various length. The score is expressed in terms of average shortest 
length at which the person is correctly recognized. This test measures to 
what extent speaker information is preserved by the coder systems. 
The two tests will be applied to 5 coders systems i;ind a reference system, 
being a .telephone band. The coders are being developed to be used in an 
office environment, whe.re they can be applied in speech store-and-forward 
systems. The test will be designed while we reckon with the office appli­
cation. The reference system is included in the tests to compare the 
coders with a system which has often been evaluated and which possibly 
will have the highest quality. 

2. DESCRIPTION OF THE 'SYSTEMS 

The coder systems, designed and implemented by various partners in the 
ESPRIT-SPIN project "Speech interface at the office workstation", are 
summarized in this chapter. Most of the coders are still under develop­
ment, so only prototypes and software simulations were available for the 
present pilot tests. We have evaluated 5 systems named A through F. 
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System A is a subband coder working at a bitrate of 9 .6 kBit/s. The coder 
divides the speech spectrum into different parts by means of digital 
bandpass filters. The sig!)als froQl these filters are separately coded. After 
transmission, or store and forward, the speech signal is reconstructed by 
decoding the bit streams from each of these filters and by summing them. 
For system B the same coder as· system A is used but operating at a 
higher bitrate: 16 kBit/s. 
System C uses a time domain harmonic scaling algorithm. At the encoder 
side each time two pitch periods (or 20 ms for unvoiced speech} are taken 
and merged to one period (or 10 ms). So a data compression of 2 to 1 is 
obtained before using further bit reduction like vector quantization. At the 
decoder side the two periods are reconstructed from one period. The 
bitrate of this coder is 12 kBit/s. · 

· 

System D is a multi pulse linear predictive coder. After estimation of the 
prediction coefficients the residue signal is represented by a limited set of 
Dirac pulses of different amplitude and with different time locations. These 
pulses are determined in such a way .that the speech signal, which is 
derived from the filtered residue signal, is the optimal approximation of 
the original speech sig.nal, acc()i-ding to a perceptual distance measure. At 
the decoder side the residue signal operates as an source signal for the 
LPC filter. The transmission rate of this coder .is 9.6 kBit/s. 
System E is also a multipulse' linear predictive coder, but somewhat 
different from system D. The bi trate of this coder is 10.1 kBi t/s. · 
The partners in the SPIN project were asked to use a bitrate of 9 . 6  kBit/s 
or additionally a bi.trate of 16 kBit/s. Unfortunately different bitrates were 
used for almost all systems. 
As reference system we added system f, which is a bandpass filter with 
the characteristics of a Codec filter ( telephone bandwidth). This is done 
because all coders use a Codec for filtering. They also apply 8 bit m-law 
an a log .to digital conversion, but this is not simulated in system F. 

3. PB-WO RD INTE LLIGIB I LITY 

3 .1. Methods 

A. Speech material 

The speech material consists of monosyllabic meaningless words of the type 
consonant-vowel-consonant, also called logatoms. The logatoms are grouped 
in lists of 50 words and they are phonetically balanced for Dutch. Coders 
are supposed to process the speech signal in a language independent way. 
It was therefore considered appropriate to test all systems with Dutch 
speech material only. Each list is read aloud by a speaker: one logatom 
every three seconds. Recordings were made of 6 speakers: 3 male and 3 
female. One male speaker was experienced the others hardly. We recorded 
at least one list from each speaker and for two of them, a male and a 
female speaker, an extra list. To these extra word lists noise was added, 
with a signal to noise ratio of + 10 dB. With this extra condition the 
sensitivity of coders to low level noise can be evaluated. In an office 
environment, where the coders are meant to be used, a moderate level of 
noise might decrease the speech intelligibility already. Table 1 gives an 
overview. 
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Speaker Sex list number 
no noise noise 

1 male 30 31 
2 male 32 

3 male 33 

4 female 34 
5 female 35 36 
6 female 37 

Table 1. Speakers, noise conditions and list numbers 

B. Experimental conditions 

The systems, A through F, used in this test are 5 coders and a reference 
system as described in the previous chapter. Before the speech is 
processed by the coders it is attenuated at to levels: a high level of 10 dB 
below saturation and a low level of 25 dB (+/- 1 dB) below saturation. The 
-10 dB level Is a level at which almost no peak clipping occurs. The low 
level is chosen, because we expect level variations of at least 15 dB due 
to different speakers, a varying distance between mouth and microphone 
and different line attenuations when speech from analog lines is 
transmitted. aecause none of the coders is provided with an automatic gain 
control we expect degradation of the speech from quantization errors, 
when applying the low level. For the reference condition only the highest 
level is chosen because it is an analog system without quantization. Table 
2 shows an overview of the system and level conditions. 

Code 

A 
B 
c 
D 
E 
F 

·System 

Subband 
Subband 
Time dom. harm. seal. 
Multip. lin. pred. 
Multip. lin. pred. 
Bandpass limiting 

Table ·2. System and level conditions 

C. Subjects 

rate Level dB 
kBits/s High Low 

9.6 -10 -26 

16.0 -10 -26 

12.0 -10 -24 

9.6 -10 -24 

10.1 -10 -24 

-10 

The listening experiment is done with 4 female listeners. An audiometric 
test showed normal hearing for all subjects. Only one of them was 
experienced in so far as she had participated in an earlier similar 
evaluation test. The subjects were paid for their cooperation. 

D. Equipment 

All recording were played back via analog reel and cassette tape recorders. 
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The listening was done with Beyer DT48 headphones. The subjects were 
seated in a quiet room. A construction of boards prohibited contact 
between the subjects during the listening sessions. As experiments with 
word iists produce a lot of data, a special testing device was designed to 
collect and process all r�sponses. This device consists of four portable 
microcomputers, Radio Shack TRS-80 Mode1 100, and a central personal 
computer, IBM-XT. The portable microcomputers and the personal computer 
are connected via RS232-C serial communication ports. The portable 
computers act as a sort of terminals. Each is equipped with a keyboard, 
which has the size of a normal typewriter, and a horizontally positioned 
liquid crystal display with dimensions 8 lines and 40 positions per line. A 
program written in Basic supports all input and output. It reacts on 
commands from the communication port. For example: display a pre-stored 
message. or start and stop throughput of characters from the keyboard to 
the communication port. The whole experiment is controlled by the central 
personal computer. provided with 10 Mbyte hard disk, a floppy disk, 
monochrome screen, keyboard, printer and four RS232-C serial ports. A 
menu driven program written in Pascal and some Assembler routines 
supervise all these parts. It has options to route input and output devices 
in various ways. For example data can be stored on disk, but also directed 
to the printer during an experiment. Before every listening session all 
kinds of control variables fike filenames, list numbers, and number of 
listeners have to be specified. This can be done by hand or automatically 
with the help of a sort of bl:ltch file. During the listening session the raw 
responses are displayed as soon as they are typed by the listeners. After a 
session the computer gives global intelligibility scores to allow the 
opeq:itor to give further instructions to the listeners; especially ·during a 
training phase. The scores are calculated from a comparison of the· 
responses with the original lists. Usually one is not interested in 
comparison of the characters, but in comparison of phonemes. For this 
reason a translate option which translates characters, or strings of 
characterst into phonemes is included in the program. 

E. Experimental procedure 

i. Listening experiment 

The 4 subjects are instructed to respond on CVC-type speech sounds, by 
using orthographic symbols. For Dutch an almost unique set of 
orthographic symbols exists covering al! possible phonemes in this test. 
This is usually not the case in other languages. The subjects are trained 
for one day to get acquainted with the test and to respond with a speed 
of one word every three seconds. On every subsequent measuring day only 
a few lists are necessary for training. The actual measurements took ten 
days. On every day about 40 iists were run, not only from this experiment 
but also from another large CVC word inteHigibility experiment to evaiuate 
various communication channel's, speech enhancement methods, and noise 
conditio'ns. To avoid acquaintance with specific lists, every list of this 
specific experiment appeared only once a day. The systems and conditions 
were randomly ordered to avoid artificial ranking effects. 

ii. Calculations 

. Average intelligibility scores over any combination of subjects, list 
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numbers (this includes noise condition and speakers), systems and level 
conditions, can be calculated. The average vrnrd score is calculated from 
number of words correct divided by the number of stimulus words. A word 
is noted correct if all phonemes, that is the initial consonant C 1, the 
vowel V, and the final consonant C2 are correct. Earlier experiments 
showed that the word score is approximately equal to the product of the 
phoneme scores for Cl, V and C2. Usually the score of the initial 
consonant is lowest, so this score will be most dominant for the word 
score. 
An analysis of variance is done on the word scores. Because the condition 
with noise is only available for two speakers and the condition without 
noise for six speakers, a separate design is used for each of the two 
conditions. Also a separate design is used to compare the reference system 
with th� coder systems, because the signal of the coder systems is 
attenuated at two leveis, whereas the signal of the reference system is 
attenuated at only one level. 
After the analysis of variance a Newman-Keuls post hoe analysis is done 
for the factor "systems". At two levels of significance we have examined 
whether the systems differ from each other: alpha=O.O 1 and alpha=0.05. 
Diagnostic information is derived from phoneme confusion matrices. 
Stimulus phonemes are arranged at the vertical positions and response 
phonemes at the horizontal positions. A cell of the matrix is filled with 
the number of times the corresponding stimulus-response combination was 
found. Two extra columns of the matrix contain total number of stimuli 
for each phoneme and the percentage correct for that phoneme, 
respectively. The results of the listeners are summarized and displayed in 
this matrix. Matrices of different lists can be merged, in order to examine 
the total amount of confusions caused by a particular system, condition, or 
speaker. 

3.2. Results 

A. Average word score 

Table 3 shows the word intelligibility score for all systems. The score is 
an average of the scores for all speakers and listeners. The scores in the 
"no noise" column, where high and low level condition are given 
separately; are based on 24 talker-listeners pairs whereas the results in 
the "noise" column are based on 8 talker-listener pairs. 

system no noise noise 
high low average high low average 

A 55.9 38.3 47 .1 44.3 40.3 42.3 
B 69.1 51.4 60.3 69.0 56.5 62.8 
c 66.9 62.3 64.6 58.8 54.0 56.4 
D 75.3 72.4 73.8 62.8 68.5 65.6 
E 59.7 61.8 60.7 54.8 53.0 53.9 
F 81.6 81.6 78.0 78.0 

Table 3. Percentage word correct score for all systems and all 
conditions. 
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From all coder systems system D (the multipulse coder working at 9.6 
kbit/s) performs best for all conditions, but it performs not significantly 
better than system F (the reference system) which has a word correct 
score of 81.6 % for the no-noise condition. This is a somewhat low score 
compared with the results of earlier experiments (Steeneken, 1982)1 where 
the same system (telephone bandwidth} was tested and a word correct 
score of 94.6 % was found. This difference might be caused by the fact 
that we used both male and female subjects and oniy one of them was 
trained, whereas the earlier experiments were done with male and trained 
speakers. 
The attenuation condition has not influenced the score much. Only system 
A shows a severe loss of word inteHigibili ty of 17 .6 percent. System D and 
E are effected by the noise most strongly j resulting in a loss of 8.2 
percent word intelligibility for both systems. 
To find out whether differences are significant, or not, various analyses of 
variance have been done. To compare the coder the following design is 
used: 

4 listeners x 5 systems x 2 attenuation levels x 6 speakers 

In this design the reference system is left out, because it is evaluated 
with only one attenuation lever. Also the noise condition is omitted. We 
found significant differences ff-probability 0.003 °/o) between the systems. 
The average word correct score s of the 5 systems are shown in the plot 
below. 
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A Newman··Keuls post hoe analysis proved system D to be significantly 
better than all other systems at the significant o.o 1 level and better than 
system A,B, and E at the 0.05 level. System A (the subband coder working 
at 9.6 kbit/s) is significantly worse than the others at the 0.01 level. 
Systems B;E, and C showed no significant differences for the average word 
score at both significance levels. 
To examine whether the reference system is significantly better than the 
coders, we carried out a second analysis of variance, using the following 
design: 

4 listeners x 6 systems x 6 speakers 

In this design the noise condition and the low attenuation condition were 
left out, because the noise condition is not applied to all speakers and the 
attenuation has no effect on system F, as it is a analog system. The plot 
below shows the average word scores of e ach system on a bar. 
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Also for this design significant differences were found for the average 
word scores, so a Newman-Keuls post hoe analysis has been carried out. 
The reference system F proved to be better at significance 0, 01 level than 
systems A,E,C, and B, but it did not significantly differ from system D. We 
compared coder system D with the other coders, and it became apparent 
that system D proved to be only better than system A an E, but was not 
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better than C and B at the significance 0,01 level. 
To study the sensitivity for the coders to low level noise we also carried 
out a third and fourth analysis of variance. Only two lists of two speakers 
were treated with noise, so we used the following design to study the 
coders only: 

4 listeners x 5 systems x 2 attenuation levels x 2 noise conditions x 2 
speakers 

To study both coders and reference system we used the following design: 

4 listeners x 6 systems x 2 noise conditions x 2 speakers 

Both analyses showed no significant differences, neither for the factor 
"systems" nor for the factor "noise conditions". This is probably due to the 
fact that we only used data from two speakers. 

6. Phoneme correct score and confusions 

In Table 4 the average correct scores for in itial consonants are given, for 
system A through F. The average is taken for the no-noise and high level 
{-10 dB below saturation) conditions only. In the last column the frequency 
of occurence of the phonemes is given. Apart from these score we also 
calculated confusion matrices, which give us the relation between stimulus 
phonemes and response phonemes. These confusion matrices are not printed 
here. 
The reference system F has a low score for /f/. According to the 
confusion matrix /f/ is often responded as /v/ . If this confusion is due to 
voicing also /s/ would turn into /z/ and /p/ into /b/, but since this is not 
the cas� another distort i on must be responsible for this confusion. System 
F, which is a telephone bandfilter, only passes spectral components 
between 300 and 3400 Hz., so the high frequency components, which are 
very characteristic for /f/, are not present in the stimuli, and /f/ can be 
easily confused with /v/. The coders (system A through E) show the same 
pattern, because the bandpass limiting is implemented in these systems too. 
The confusion between /f/ and /v/ could also be due to an improper 
pronunciation of the speakers. 
Also the scor.e for /p/ is somewhat low. From the confusion matrices it is 
found that /p/ is often perceived as It/. The same counts for /b/ which is 
perceived. as /d/. If we further n otice that If/ is not only perceived as 
/v/ but also in some cases as an /s/, it becomes apparent that graveness, 
or place of articulation, is not fully preserved by the systems used in this 
test. (The phonemes itli /di, and /s/ are all alveolar whereas /p/ and /b/ 
are bilabial and /f/ is labiodental}. 
System E shows a low score for /b/, which is oftentimes perceived as /w/. 

From Table 5 it can be seen that vowels are identified nearly correctly. 
This confirms the finding from earlier experiments with CVC-type words, 
where vowels proved to be resistent against all kinds of disturbances. 
However, the· systems A and E show a remarkably low score of 50 percent 
for /oe/. According to the confusion matrix o f  vowels this is due to the 
con fusion of foe/ with /I/. 

Looking at the intelligibility scores of the final consonants ( Table 6) we 
notice a low score of /ml and /ng/ through all systems. Both consonants 
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are oftentimes perceived as /n/. This confusion could be due to the 
pronunciation of the speakers, but it is also possible that they are easily 
confused by the listeners, because these phonemes look very much alike 
and a slight distortion could make them hard to distinguish. System A, the 
subband coder working at 9.6 kBit/s performs very badly. The consonant 
/f/ is often perceived as /s/ and /p/ as /k/ or It/. System D, the 
multipulse coder Y1orking at 9.6 kBit/s performs almost equally well as 
system F, the reference system. Only the consonant /f/ is sometimes 
con fused with Is/. 

System A B c D E f Freq. 

Stimulus 
p 25.0 54.2 50.0 54.2 54.2 75.0 24 
t 73.6 86.1 75.0 88.9 80.6 90.3 7.2 
k 81.3 87.5 91. 7 93.8 89.6 91.7 48 
b 54.2 61.1 41.7 56.9 38.9 76.4 72 
d 83.3 33.9 82.3 88.5 79.2 91.7 192 
f 33.3 29.2 29.2 41. 7 45.8 37.5 24 
s 89 •. 6 81 . 3 93.8 97.9 93.8 95.8 48 
x 88.9 97.2 98.6 98.6 98.6 100.0 72 
v 46.9 57.3 59.4 62.5 60.4 77 .1 96 
z 5.1.4 72.2 75.0 90.3 79.2 98.6 72 
h 86. l 84.7 Sl.7 91.7 84.7 90.3 72 
m 62.5 83.3 60.4 85.4 60.4 97.9 48 
n 76.4 . 93.1 81.9 91.7 54.2 100.0 72 
r 88.2 98.6 93.1 100.0 97.2 100.0 144 

89.6 95.8 89.6 85.4 81.3 89.6 48 

j 95.8 87.5 95.8 100.0 83.3 95.8 24 
w 80.6 94.4 88.9 90.3 38.9 88.9 72 

Table 4. Percentage of correctly identified initial consonants for the 
high level and no-noise condition. 

Sy.stem /\ B c n ;_./ E F Freq. 

Stimulus 
AA 96.5 99.3 99 . 3 100.0 �n.9 100.0 144 
A 97. 7 98.6 96.3 97. 7 98.1 97. 7 216 
EE 86 . 7 96.7 95.0 95.8 90.0 . 96. 7 120 
E 76.7 97.5 95.8 98. 3 78.3 99.2 120 
IE 76.4 86.1 79.2 83.3 70.8 84.7 72 
I 82.5 92.5 81.7 90.8 81.7 93.3 120 
OE 85.4 72.9 77 .1 83.3 81.3 83.3 48 
00 92. 7 i ,92. 7 91. 7 97.9 97.9 > 95. 8 96 
0 80.8 91.7 80.8 82.5 80.0 85.8 120 
EI 91. 7 99.0 97.9 96.9 87.5 97.9 96 
UI 79.2 100.0 91.7 100.0 87.5 100.0 24 
u 50.0 100.0 83.3 100.0 50.0 100.0 24 

Table 5. Percentage of correctly identified medial vowels for the high 
level and no-noise condition. 
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System A B c D E F Freq. 

Stimulus 
p 50.0 79.2 87 .5 79.2 70.8 79.2 24 
t 82.1 95.0 94.2 98 . 3 96.3 99.2 240 
k 98.6 100.0 98.6 98.6 98.6 100.0 72 
f 37 .5 75.0 75.0 75.0 62.5 91. 7 24 
s 94.2 87.5 97.5 100.0 99.2 100.0 i20 

g 86.5 95.8 94.8 95.8 95.8 95.8 96 
m 31.3 31.3 22.9 41.7 35.4 64.6 48 
n 80.8 80.4 88.8 85.6 70.8 91.0 312 

NG 45.8 41.7 37�5 58.3 29.2 58.3 24 

r 96. 7 98.3 95.8 100.0 100.0 99.2 120 
1 90�8 98 . 3 95.8 95.0 93.3 100.0 120 

Table 6. Percentage of correctly identified final consonants for the high 
level no-noise condition. 

3.:3. Discussion 

It is expected that using a higher bitrate for a coder would result in a 
better speech preservation and a higher intelligibility score. The listening 
test showed that the opposite is also possible. System D, one of the coders 
with the lowest bitrate (9.6 kBit/s), performs significantly better than the 
other coders, which vary in the range from 9.6 kBit/s through 16 kBit/s. 
The 75.3 % correct word score from system D does not significantly differ 
from the 81.6 score of the reference system. 
From relations between the PB-word score and the scores of other tests 
we can .predict the scores that would have been found if we performed 
those tests with system D. A 75 % score for PB-word test woui,d result in 
a 90 % correct score of the Diagnostic Rhyme Test. Sentences would show 
nearly 100 % correct identification, but with the Mean Opinion Score 
system D would fall in the category "fair". That is in the middle of a 5 
points scale. 
If we added white noise to the unprocessed speech signal a signal-to-noise 
ratio of about +2 dB would be necessary to get a PB-word score. of 75 %. 
The phoneme confusion matrices did not further differentiate between the 
systems. The same patterns of phoneme confusions were found, more or 
less in quantity. In general we might say that the coders introduce errors 
in the identification of phonemes which are of the same kind and probably 
caused by the same mechanism. Only for the systems A and E a 
remarkable result was found for the phoneme /oe/. This phoneme, after 
being processed by the coders, was correctly identified for 50 percent, 
whereas the other systems showed nearly 100 percent. Not only for the 
"high" and "no-noise" condition, as described, did we found this result, but 
also for the "low" and "noise" conditions. Extensive spectral analyses of 
these phonemes, for both processed and unprocessed signals, might give an 
explanation of those low scores. 
The PB-word experiment proved to be a convenient method to establish 
the intelligibility loss for medium band coders to be used in an office 
enviroritnent. For a final experiment, however, we propose a few 
modifications� For the '1no-noise11 condition we recorded 6 differ�nt lists. 
Listeners would get to much acquainted with these lists if they appeared 
more then once a day. To do the experiment with so few lists it is 
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necessary to mix them with lists of a larger PB-word experiment. We 
propose to use more lists f n a final experiment to avoid the above 
mentioned problems. 
The 6 lists of the '1no-noise11 condition resulted in significant differences 
for the systems. For the "noise" condition the 2 Hste were not enough to 
gain significant results. For a final PB-word test we propose to record 
more lists. 
We choose a +10 dB signal-to-noise ratio and noise with the same longterm 
average as speech to create the "noise" condition. The level and the 
spectrum of the noise will most probably differ from the situation in an 
office environment. For a final experiment we should adjust the level and 
choose a noise signal with the same spectral characteristics as office 
noise. or better use a recording made in an office. 
In this pilot experiment we asked the partners of the SPIN group to 
create the ''low" attenuation (-25 db) condition themselves. As a result 
from it the signals were not attenuated at the same leveL In a final 
experiment we will redefine and record the signals at both levels and ask 
the partners to process the tapes at a constant level. It is more 
cof}venient then to store the signals on digital media instead of analog 
tapes. An analog recording at a level of 25 dB below saturation will· 
already dim�nish the signal. The pulse code modulation system of Sony, 
using Betainax tapes would be a suitable choice to store and transport the 
signals in a digital form. 
In an office application it is more likely to use loudspeakers instead of 
headphones for listening. So, it would be better to use loudspeakers for 
the listening tests too. 

4. SPEAKER IDENTIFIABILITY 

4.1. Methods 

A. Speech material 

The foll0wing two Dutch sentences have been used to perform a speaker 
identifiability test. "Binnen 10 jaar zullen kantoormachines door middel van 
automatische spraakherkenning en spraakproductie met de gebruiker 
communiceren. Deze tekst dient om de kwaliteit van dergelijke systemen te 
beoordelen." (Eng.: Within 10 years, office systems will communicate with 
the user by means of automatic speech recognition and speech synthesis. 
This tex.t is meant to judge the quality of such systems.) We recorded 
these sentences of 6 speakers, 4 male and 2 female. They are all very well 
known in the Institute for Perception where the tests have been 
performed. We did not add noise to these recordings� like we did with the 
PB-word lists. 

B. Experimental conditions 

The speech material is processed by the 5 coders and the reference 
system, described in chapter 2. At the input of the systems the signal is 
attenuated at a level of -10 dB below saturation. At this level almost no 
peak clipping occurs. After the sentences have been processed, they are 
cut into fragments of various length. The first few fragments have been 
cut from the sentences at different places. These are separate words, the 
first one being a one-syllable word, followed by a two-syllable word , and 
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a three - s y l l a b l e  word .  A fter th a t  the who l e  passage i s  use d  i n  i ts orig i n a l  
o r d e r, start i n g  w i th t h e  fi rst p a r t  o f  the sentence, fo l l owed by l on ge r  and 
l on ge r  passages, until  the w h o l e  pass a g e  i s  us ed.  The fo l l o w i n g  s ubdivi sions 
were made:  

1 t e k s t  

2 z ul l e n  

3 k w a l i te i t  

4 Bin n e n  

5 B i n n e n  1 0  j a a r  

6 B i n ne n  1 0  j a a r  z ul l e n  k a n toormachines 

7 Bin n e n  1 0  jaar  zul len k a n toorm a c h i n e s  door mi d d e l  v a n  automatische 
spraakherk e n n i n g  

8 B i n n e n  1 0  j a a r  z ul l e n  k a n to o rmac h i n e s  d o o r  m i d d e l  v a n  automa ti s c h e  
spraakherk e n n i n g  e n  spraak produc t i e  m e t  de gebrui k e r  cominuni c e r e n .  

9 B i n n e n  1 0  jaa r  zul l e n  k a n toorm ach i n e s  d o o r  m i d d e l  van autom a ti s c h e  
spraakherk e n n i n g  e n  spraakproduc t i e  met d e  gebrui k e r  commun i ceren . 
De z e  tel<st d i e n t  om de k w a l i te i t  v a n  derge l ij k e  sy stem e n  te beoorde l e n .  

C .  S ubje c ts 

A l l  l i s te ne rs,  who j o in e d  thi s ex perime n t.1 were appo i n te d  a t  t h e  I n s t i tute 
for Percept i o n  for a t  least  one y e a r .  Most of them were a p po i n te d  for a 
l o n ge r  period .  A tota l of 1 2  l i steners per form e d  the tes t .  According to 
t h e i r  owri s t a t e m e n t  they had n o  h e a r i ng l osses.  

D. Equipm e n t  

A n a l og ree l a n d  cassette tapes h a ve been used for a l l  recordi n gs a n d  
p la y b a c k �  
The speech s p l i cing was done w i th a M asscom p d i gi ta l  computer usi n g  a 
spec i a l  speech edi tor program runn i ng o n  i t� For t h i s  pur pose t h e  a nalog 
speech signal  was d i g i ti z e d  w i th a 1 2  bi t l inear a n a l o g - to- di g i ta l  converter 
us i n g  a 1 5  k H z  sample fre q ue n c y . 
Li s te n i n g  W8.s d o n e  i n  a quie t r oom a n d  v i a  Beyer DT48 headphones.  

E.  Ex perimen ta l  procedure 

i .  Liste n i n g  e x pe ri m e n t  

T h e  speaker i d e n t i fi abi l i ty expe r i m e n t  w a s  carried o u t  w i t h  o n e  l i stener a t  
a t im e .  Every l i stene r  h a d  been g i ve n  t h e  same w r i tten i n st ructi o n .  Dur i n g  
t h e  l i st e n i n g  sess i o n  the l i s te n e r  w a s  a b l e  t o  consul t t w o  pages,  o n e  page 
c o n t ai n i n g  the 9 subdi v i s i o n s  of the pass age,  and the other one c o n tai n i n g  
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t h e  130 n ames o f  the emp l o y e e s  o f  the I n s t i tute for Percepti o n  which were 
a pp o i n te d a t  t h e  time the recor d i n g s  were m a d e .  W h e n  we s t a r t e d  the fi r s t  
te�ts one o f  t h e  employees a l ready had l e ft the I n sti tute.  

· 

It i s  o n l y  pos s i b l e  to pres e n t  the speech o f  a parti cul a r  s p e a k e r  to a 
p a rt i cu l ar l i steners o n c e .  After t h a t� the l i stener can easily i d e n ti fy t h e  
spe aker aga i n .  S o, for every other s y s tem anoth e r  spe aker i s  n e c e s s a r y ,  i f  
we work w i th the same l i s t e n e r .  I n  order t o  test al l  3 6  spe aker- s y s te m  
combi n a t i o n s  once,  a t  i e a s t  6 l i steners are necessary . The s y s tems a r e  
a rr an ge d  a cc o r d i n g  t o  a l a t i n  square t o  a v o i d  sequen c e  e ffe c t s .  S eq ue n ce 
e ffect a r e  impo r t a n t  i f  the order i n  w h i c h  t h e  sy stems are pre s e n t e d  coul d 
i n fl ue n c e  t h e  resul ts (W i ner,  1 962 } .  The spe a k e rs were a r ran g e d  i n  such 
way that a H  speaker-system c om b i n a ti o n s  c o ul d b e  tested w i t h i n  e a c h  
group of 6 l is te n e r s .  
A ft e r  p l a y i n g  one subdi v i sion the tape i s  stopped a n d  the l i s t en er i s  a s k e d  
to wri te d o w n  the n a m e  o f  t h e  spea k e r ,  a n d  on a 5 pol n t  s c a l e  h i s  fee l i n g  
o f  b e i n g  c e r t a i n  about the n a m e . Th i s  a c t i o n  i s  repe a te d  for a l l  9 
s ubd i v i s io n s .  I f  t h e  l i s t e n e r  h a s  n o t  ide n t i fi e d  t h e  r i g h t  spea k e r  or i f  h e  i s  
v e ry unc e r t a i n  a bo ut h i s  answer a t  t h a t  t i m e ,  the l a s t  fra g m e n t  i s  p l a y e d  
b a ck a g a i n ,  but n o w  usi n g  t h e  unprocess e d  vers i o n  o f  t h e  same speake r .  By 
t h i s  me ans we c a n  ver i fy the fam i l i a ri ty of t h e  listen e r  w i th t h e  s p e a k e r .  

i i .  C a l cul a tions 

The fragme n t  a t  w h i ch t h e  spea k e r  is  i de n ti fi e d  corr e c t l y  i. s t a k e n  as t h e  
r esui t from a sess i o n .  The 5- poi n t  certa i n ty sca l e  h a s  n o t  b e e n  use d  ti l l  
n o w .  Every fragme n t  i s  gi ven a w e i ght,  s tarting w i th 1 for the fi rst 
fr agmen t  and e n d i n g  w i th 9 for the last and l o n g e s t  fra gme n t .  If the 
spe a k e r  was not i d e nt i fi e d  a fter the 9 processed fra gments but a ft e r  t h e  
unprocessed fra g m e n t, a score o f  1 0  w a s  g i ve n ,  denoti n g  a worse 
i de n t i fi c a t i o n  of a speaker via t h a t  spec i fi c  s y s t e m .  I f  a s p e a k e r  is  n o t  
recogni z e d  a t  a i l ,  e ve n  a fter t h e  unprocesse d  speech h a s  b e e n  p l a y e d  b a c k ,  
i t  i s  assumed t h a t  the s pe a k e r  i s  not known to the l i ste n e r .  In  t h i s  c a s e  a 
s core o f  5 . 5, h a l fw a y  the score range , is take n .  The a v e r age score o v e r  a l l  
s p e a k e rs a n d  l i steners i s  t a k e n  a s  a n  estimate for t h e  preservation o f  
s p e a k e r  identifi ab i l i t y .  A n  a n a l y si s  o f  vari ance fo l l owed b y  a N e w m a n - Keuls  
a n a ly s i s  i s  done on t h e  scores.  

4.2.  Resul ts 

A l l  1 2  li s t e ners were a b l e  to p e r form the task of t h i s  test easi l y . In T a b l e  
7 t h e  s c o r e s  for a l l  syste m - s pe a k e r  c om b i n a tions a r e  g i ve n .  E a c h  e n try 
c o n t a i n s  a s c o r e  of 2 l isteners.  The sym b o l  " - "  m a r k s  those s y s t e m - s pe a k er 
combi n a t i o n  w h e r e  t h e  speaker was n o t  recogni z e d  a t  a l l .  for these c e l l s  a 
score o f  5 . 5  i s  use d  for fur t h e r  c a l cul a ti o n s .  

F r o m  Table 7 i t  c a n  b e  s e e n ,  tha t  the speaker i s  correctly i d e n t i fi e d  a ft e r  
the fi r s t  fra g m e n t  i n  1 8  o f  the 72 c a s e s .  Espe c i a l l y  speaker 4 i s  recogn i z e d  
o ft e n ti m e s  a ft e r  the fir s t  fragm e n t .  Only i n  8 c as e s  th e s p e a k e r  i s  n o t  
r ec o gn i z ed a t  a l l .  
S ys tem D ,  w i th an a verage spea k e r  i d e n ti fi ca ti o n  b e t w e e n  t h e  t h i r d  a n d  
t he fourth fragment,  performs best i n  this ex p e r im en t, a n d  t h e  wors t  
s y s tem i s  system B, wi th a n  average i d e n ti fi c a t i o n  b e tween t h e  s i x th a n d  
the seven t h  fr agme n t .  I n  o r d e r  t o  e x p lo r e  w h e t h e r  d i fferences a r e  
s ig n i fi c a n t  a n  a n a l y s i s  o f  varia n ce i s  carr i e d  out w i th the fol lo w i n g  d e s i g n :  
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6 spe akers x 6 sy stems x 2 l i stener samples 

T h e  resul t of  this  analysis show ed sig n i fi ca n t  di fference s  for t h e  fac tor 
s y s tems and for the fa c tor spe akers. A post hoe Newman� Keuls analysis  
proved system B to be signi fi ca n t l y  worse t h a n  sy s tems E,  A,· F a n d  D at  
the s i g n i fi c a n t  0 . 0 5  ieve l .  Other signifi c a nt di fferences were n o t  foun d .  
T o  get a n  i dea o f  the c o n t r i b u t i o n  of each fr agmen t  o n  t h e ·  identifi ca t i o n  
o f  the spe akers t h e  percen tage o f  corr e c t ly i de n t i fi e d  speakers' 'was 
c a l cul a ted per fragm e n t .  By l e aving out the cases in which a speaker was 
not reco g n i z e d  at all  a 1 00 % i de n ti fi c a t i o n  level  for the condi tion o f  
unprocess ed speech i s  defi n e d .  A curve o f  these scores is  given i n  fig ure 
1 .  

Coder A B c D E F Ave r .  
S pe aker 

1 5 5 10 10 7 5 1 5 1 4 3 5 . 12 
2 4 1 2 2 1 4 2 5 5 1 8 6 3 .42 
3 5 7 7 10 5 - 1 - 8 1 2 1 4.83 
4 1 1 5 5 3 l 1 2 . 1 1 1 1 1 .92 
5 8 6 5 · ... 1 0  1 0  1 0  - 10 - 8 - 7 . 50 
6 4 1 10 5 3 - 2 1 1 0  3 3 5 4 .• 38 

Average 4 .00 6 . 4 5  5 . 00 3.42 4 . 3 9  3 . 9 6  4 . 5 3  

Table 7 .  S peaker identifi a b i l i ty score . 

:;.., 
r-l 4 0  .w 
u 
Q) 3 0  H 
H 
0 
u 20 

1�j/ 

1 2 3 4 
! 

5 6 7 8 9 1 0  fragments 

F i g .  1 .  Perce n tage o f  correctly i de n t i fi e d  speakers as a func t i o n  of the 
fr agm e n ts .  
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Already at the first fragment 28 % of  the speakers is correctly identifi e d .  
The second large jump i n  iden tifiability i s  t o  be seen at fragment 5 .  This 
fragmen t  is the first short sentence in which prosodic i nformation might 
be a cue for speaker identification.  At fragment  9 the same score is foun d 
as at fragme nt 8. Fragment 8 con tains one ful l sentence and fragment 9 
contains two full sentences. The second  sentence seems to give no further 
information for the identification of  a speaker.  Apparently all information 
is already available in the first full sentence.  

4 .3. Discussion 

The experime nt showed that system D, the mul tipulse coder working at 9 . 6  
kBit/s, preserves speaker in formation best, but significant differences with 
the other systems were not found.  The me thod seems to be convenient to 
measure spe aker identifiability, but a larger group o f  li steners should be 
used  to gain more significant data. If 36 l i steners are used  to test 6 
systems with 6 speakers a balanced design for th i s  experiment could be 
made .  
The largest fragment, containing two full se ntences, did not change th e 
score of the preceding fragmen t, which was one se ntence long. I t  is 
proposed to use only one full sentence as the longest fragment i n  a final 
experimen t. 
For the first fragment a stressed one-syllable word was used, resultjng in 
2 8  % correct . ide ntifi e d  speakers . To get a further re fi nement of the test a 
unstressed one-syll able word coul d  be use d  for the first fragment. 
The segmentation of the sentences into fragments was a very time 
consuming activity, because this had to be done for each system. To save 
time it is better to do the segmentation be fore the speech is processed by 
the systems. In  that case one has to do the segme n tation only once, but it 
migh t c_ause a change in the resulting speech material. The first method 
allows leakage in  a fragment from adjacent fragments, as a result of  
system disturbances.  As the fragments in  the second method are isolated 
no leakage or interaction with adjacent  parts is possible . 
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