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1. Introduction

This paper is the last of a series of four papers concgrning_ghe acoustics
of historic monuments and churches of Thessaloniki. All monuments dealt
with in these series have been built inside the very center of the old walled
part of the town. 7 ko P

Although Thessaloniki has suffered many destruetions, a number of fourteen
buildings with some interest for the room acoustics, are to be found today
witnessing her over two thousand year old history. Of these buildings five come
from the early-Christian era, 4th to Tth century, and nine from the Byzantine
era, 11th to 14th century. |

The present ‘paper reports on data accumulated on the first group of five
early-Christian monuments, while data on the other group is at the moment
already in print [4]. :

After the descriptions of the monuments and the measurement results,
a discussion follows, comparing the main characteristics of both groups.

2. Deseriptions

The early-Christian monuments described below are St. Demetrius, St.
Sophia, Acheiropoietos, Hosios David and St. George. All of them except Hosios
David have exceptionally large volumes and share many characteristics. St.
Demetrius is an early-Christian basilica built during the first quarter of the 5th
century. The building was destroyed by fire and rebuilt once during the 7th
century. A little after 1917 a new fire destroyed the building as well as the lar-
gest part of the town and so today’s form is the result of large scale reconstruc-
tions completed around 1950. '
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The basilica of St. Demetrius is a large rectangular building measuring
57 X33 m* with a height at the center axis of about 18 m. It is divided by four
colonnades into five aisles. There is an upper storey above each of the four
side aisles and the narthex. The nave and each aisle have seperate tilted roofs.

The volume of the church is 22100 m®, while the total internal surface
is 6500 m?. This gives a mean-free-path value of 13.60 m. The floor and a large
percentage of the wall surfaces are covered with marble slabs. The rest of the
walls is covered with mosaic and fresco paintings. The roof is made of rein-
forced concrete, imitating the old destroyed wooden construction, without
an underceiling. The plans of the church are presented in Fig. 1.

St. Sophia is a scaled down imitation of the famous St. Sophia of
Constantinople built during the 7th century. It has a transitional form between
domed basilica and domed cruciform church. Also destroyed by fire in 1890,
the building was reconstructed between 1907 and 1910.
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Fig. 1. Plan and section of 8t. Demetrius

The interior of the church is divided into three aisles by two rows of columns
alternating with piers. The church of St. Sophia is square as in the domed
cruciform type. In the center of the nave is a dome resting on four barrel vaults
of which the western is wider.

The barrel vaults of the dome rest on thick piers. The aisles are roofed
at a lower level by uninterrupted vaults and the narthex by smaller domes.
Above the narthex and both aisles there are galleries.
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The church has a volume of 15250 m® A large percentage of the floor
and wall surfaces is covered with marble, while the largest part of the roof
and the rest of the walls are covered with mosaic and fresco paintings.

The plans of the church are presented in Fig. 2.

Acheiropoietos is another early-Christian basilica, built during the second
quarter of the 5th century, which was never destroyed or altered. The building
is large and rectangular with dimensions comparable to those of St. Demetrius.
It is divided by two colonnades into three aisles. Above each of the two side aisles
there is an upper-storey.
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10m Fig. 3. Plan and section of
Acheiropoietos

The volume of the monument is 19.250 m3 and the total internal surface
is 5900 m?, which gives a mean-free-path value of 1305 m. The floor area is
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made of large marble blocks, and the wall surfaces are mainly of plaster. The
roof of the church is a wooden ftilted construction without an underceiling.

The plans of the church are presented in Fig. 3.

Hosios David is a small domed cruciform church, belonging to the old
monastery of Latomou, built at the end of the 5th century. The original form
of the church was partly changed during the Turkish age. The dome of the
church was covered by a wooden underceiling which has existed until today.
The entrance was transfered from the west to the south side, and the western
part of the church, part of which has disappeared altogether, has been seperated
from the rest of the structure by a wall. The church has small dimensions
11 x8.5 m? and a volume of 486 m? (original volume estimated to be 650 m?).

The internal surfaces of the church are mainly plaster and fresco paintings.

The plans of the church are given in Fig. 4.

Fig. 4. Plan and section of Hosios Davig
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Fig. 5. Plan and section of 8t. George

St. George is a large octagonal hall built at the beginning of the 4th century
and intended originally to be a Roman mausoleum. It has an octagonal form
and large bhrrelvaulted recesses at the eight sides of the ground level. Above
them there are eight similar but smaller recesses with windows. A little higher
. at the base of the dome there is a ring of even smaller recesses.
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The central space has a diameter of about 24 m and a total height of about
26.50 m although the original floor level was more than 2 m lower than it is
today. The eight recesses that surround the central space have an average
opening of 6.20 m and a height of 6 m each. The hall has undergone two By-
zantine transformations, the second one during the 10th century, which trans-
formed it into a Byzantine church. The eastern recess was made a sanctuary
with a width of 8 m, a height of 13.50 m and a depth of 20 m.

The hall’s total volume today is 15340 m? out of which 10710 m® belongs
to the central space. The largest part of the surfaces of the hall is made of
glazed brick, interrupted by strips of small stone blocks. The surface of the
dome is mostly mosaic and the rest of it is plastered. The floor of the hall is made
of terracota tiles.

The plans of the church are presented in Fig. 5.

3 Measurgments and results

In order to determine the reverberation time characteristics of these mo-
numents, extensive measurements have been carried out. The measurements
for St. George [2] were carried out during the autumn of 1973, for St. Demetrius

Table 1. The sta.ndard deviation values calculated for the
case -of 8t. George

flHz) | o | f[Hs]l| o | f[Hsl| o

125 0.426 500 0.203 2000 0.120
160 0.410 630 0.093 2500 0.098
200 0.343 800 0.137 3150 0.144

250 0.220 | .1000 0.115 4000 0.110
315 0.227 1250 0.180 5000 0.106
400 0.176 1600 0.166 6300 0.110

and Acheiropoietos during the summer of 1976 [3] and for St. Sophia and
Hosios David during the autumn of 1978.

The measurements were taken using an instrumentation tape recorder
and pistol shots. The tapes were analysed using the laboratory facilities, with
standard third octave instrumentation. Special care has been taken to cover
thoroughly the measured spaces and to avoid uncertain data.

Finally all results were normalized for 15°C temperature and 70 %, relative
humidity. The results are presented in Table 2. Table 1 gives the standard
deviation values calculated for the case of St. George.

Examples of decay curves at various frequencies in two points are given
in Fig. 6. - -
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4, Discussion and conclusions

Considering the obtained reverberation time the curves for all churches
are essentially of the same nature, with a small flat region around mid-frequen-
cies and a sharp decrease at high frequencies due to the increasing absorptive
properties of the large air volumes.

Further on, considering the volumes involved except Hosios David and the
totally reflective internal surfaces, the measured reverberation times are about
one third of the theoretically predictable. However, the diffusion provided
by the shapes of the rooms, as well as the subdivisions in smaller, acoustically
coupled spaces, can be easily recognized as the main factors creating this dis-
crepancy.

If we consider St. George, taking into account its full volume, its total
internal surface and the mean reverberation time at all frequencies as 4.15 sec,
the mean @ of the internal surfaces is found to be 0.111, more than two times
higher than the expected absorption coefficients from a combination of stone,

marble, mosaic and glazed brick.
‘ Calculating the coefficient for 500 Hz in order to eliminate any air absorp-
tion, and to have a reduced influence from the absorption of the very limited
glass surface, the value is still very high, 0.094.

Similar results are obtained if we take into account only the central space
of the room ignoring all recesses. The volume is thus reduced to 10710 m?
and the total internal surface to 2700 m?, including the openings of the recesses.
In this case the coefficient at 500 Hz is even higher, i.e. 0.132. The openings
of the recesses are 495 m2 Taking 0.05 as the value of the absorption coefficient
at 500 Hz for the hard surfaces, the openings of the recesses must have a coefficient
equal to 0.50 to account for the total absorption.

S8t. Demetrius and Acheiropoietos have many common characteristics
in form, and a small difference in volumes. The distinetly higher reverberation
time value observed in St. Demetrius has to be attributed to the new concrete
construction of the ceiling in the place of the old wooden one. Other differences,
e.g. the number of aisles or the marble instead of plaster surfaces play only
a minor role.

St. Sophia and Acheiropoietos have very similar reverberation time curves,
although there is a volume difference of about 4000 m?® between them.

The forms of the monuments have very large differences, with large diffusion
as the only common characteristic.

Although not as distinetly as in the case of St. Demetrius, the wooden
ceiling of Acheiropoietos plays here a very important role. As is shown in the
results the smaller St. Sophia has a longer reverberation time. The role of the
ceiling becomes more important, taking into account the fact that the diffusion
provided by the complex internal form of St. Sophia must be much larger °
than that provided by the three aisles and the tilted ceiling of Acheiropoietos.
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. This fact becomes more evident by comparing St. Sophia with St. George.
Both monuments have the same volume and are constructed from similar
materials with no noted difference. However, St. George has a one second
longer reverberation time than St. Sophia, a fact that must be attributed to the
very large volume of the central space of St. George, a situation not to be found
in St. Sophia. This lack in subdivision of spaces is the only recognizable factor.
It seems also probable that the absence of diffusing elements at higher frequen-
cies in St. George is the cause of the noted linearity of the reverberation time
curve,

In spite of the differences between them, these 1500-year old monuments
all point to the fact, which is also supported by earlier publications [1], that
rooms consisting of smaller coupled together volumes with adequate diffusing
elements have very low reverberation times, which are not predictable in cal-
culation using the known reverberation time formulae. Another interesting
point is that although not acoustically designed all these rooms have reverbera-
tion time characteristics well suited for their purposes.
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Dr. J. TRIANTAFILLIDIS who supports the laboratory and his appreciation to
Dr. G. PAPANIKOLAOU and Mr. M. LAzARIDIS for their valuable assistance.

References

(1] R. 8. SHANKLAND, H. K. SHANKLAND, Acoustics of St. Peter's and patriarchal
-basilicas in Rome, JASA, 50, 389-396 (1971).

[2] E. G. Tzexaxis, The reverberation time of the rotunda of Thessaloniki, JASA, 57,
1207-1209 (1975).

[3] E. G. TzERAKIS, Reverberation times of two early-Christian basilicas of Thessaloniki,
Proccedings 9th I.C.A., Madrid 1977 C 16.

[4] E. G. Tzexagis, Dala on the aceustics of the Byzantine churches of Thessaloniki,
Acustica, 43, 275-279 (1979).

Received on May 25, 1979; revised version on 15 september 1980.




ARCHIVES OF ACOUSTICS
6, 1, 13-22 (1981)

PROBLEMS IN RECORDINGS FOR LISTENING EVALUATION OF THE QUALITY
OF VIOLINS

ANDRZEJ SASIN, ANTONT KARUZAS, TOMASZ EETOWSKI

Sound Recording Department, Chopin Academy of Music (00-368 Warszawa, ul. Okélnik 2)

This paper considers the possibility of performing a comparative evalua-
tion of violin sound quality, based on sound recordings. The investigations
dealt with the effect of the microphone techniques — mono, stereo AB and stereo
XY — and the acoustics of the room, on the usefulness of the recordings made
in given conditions for the evaluation of the sound quality of violins. The paper
presents the investigation results and a comparison of these with the results
of the “live” sound quality assessment performed by expert violinists,

1. Introduction

The ultimate test of the quality of any musical ingtrument is an evaluation
made on the basis of auditory sensations. Investigations aimed at such an
auditory evaluation can have the following forms;

(a) evaluation by an instrument player who can directly get to know an
ingtrument under test, i.e. direet evaluation,

(b) evaluation of the sound quality of an instrument made on the basis
of sound recordings, i.e. indirect evaluation.

In the previous investigations of the sound quality of musical instruments
the so called listening tests eontaining musie recorded for the purpose of under-
lining the characteristics of instruments investigated, have been widely used.
It seems that for the evaluation based on such tests to be considered wvalid, it
i8 necessary to pay more attention to the methods of sound recording being
used. The aim of the present paper is to answer the question whether such a re-
cording is possible that could be an index of quality of a given instrument,
and possibly whether a set of principles could be established, which could be
used in making recordings for the listening tests of the sound quality of instru-
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ments. The investigation was carried out using the violin as the specimen instru-
ment. The violin was selected because

(a) there is a great variety of relatively easily available instruments,

(b) there is a large interest in the investigations of the quality of the violin,

(e) the ingtrument is portable.

The investigations were carried out on three mstruments The sound quali-
ties of all the instruments were previously evaluated by the direct method by
three outstanding soloists employed at the Stringed Instruments Department
of the Chopin Academy of Music in Warsaw. The results of this evaluation can
be presented in the form of the following rank series: % :

1. Violin no. 1, unknown violin-maker, an instrument of very good quality;

2. Violin no. 2, made by NEUNERT, an instrument of good quality;

3. Violin no. 3, a mass made specimen, of very bad quality.

The experts at the same time pointed to the considerable difference between
violing nos. 1 and 2 and violin no. 3.

The results of the experts’ evaluation were unknown both to the workers
carrying out the experiment and the listeners until the final results of the in-
vestigations were obtained.

2. Procedure

The first stage of the investigation consisted in a listening evaluation of
selected instruments on the basis of sound recordings made in different ways.
Established as a result of various discussions and tests, the sound material
contained :

1. diatonic gamuts of one octave performed on each string;

2. three chords; ¢ major, D major, ¢ major, one following the other,

3. a part of Ysaye’s Sonata;

4. a part of J. 8. Bach’s Chaconna,

All the musical pieces were recorded on the mf — f dynamic level.

Q°0

5o R

3 : : .
j Fig. 1. A block diagram of the electroacoustic
system used in the recordings

1 — amono U —67 Neumann microphone, 2 — two U —67
miecrophones in the system 4B, 3 — a stereo SM —69 Neum-

ann microphone in the system X¥, 4 — a Siemens control

panel, 5 — an eight-track Studer tape recorder, 6 —ZG —60

5 6 C loudspeaker columns
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The material mentioned above was recorded by three microphone techni-
ques, i.e. mono, X¥, and AB. A comparison of sound recordings obtained by
these techniques was expected to provide an answer to the question whether
the technique used does not matter in terms of sound quality evaluation, or
otherwise whether the differences due to the different principles of microphone
techniques are so essential with regard to this type of investigation that one
of them should be preferred.

A block diagram of the system used for the implementation and monitoring
of the recordings is shown in Fig. 1.

By using the multitrack technique a single performance of a musical piece
performed on one instrument could be recorded at the same time by three inde-
pendent recording systems. Thus employing one person only who reproduced
the musical piece successively on three instruments, the minimum influence
of external factors of the recording was assured.

All the recordings were made at studio S —1 and the concert hall of the
Chopin Academy of Music in Warsaw. These rooms are distinetly different in
terms of volume and reverberation time. Their parameters are the following:

— at studio 8 —1 the volume is 1080 m3 and the reverberation time is 1.1s,

— at the concert hall the volume is 6000 m® and the reverberation time
is 1.8s.

Tn both cases the reverberation time is given as a mean for the frequency
range from 500 to 2000 Hz.

Thus the investigations also included the problem of the influence of the
acoustics of the room both on the recording and on the sound quality of the
instrument.

The final recordings were preceded by a selection of the position of the
player in a given interior and of the optimum arrangement of microphones
in each of the system used. In each case such a position of microphones was
agsumed as optimum that to a highest degree assured the condition of the simila-
rity of a recording to the original sound of the violin recorded. This choice was
made on the basis of a number of preliminary experiments.

The music material was recorded in one session for each of the rooms.
In order to evaluate the quality of a given violin on the basis of the madterial
recorded, listening tests were carried out. In all the tests the method of pairs
comparison was employed [3].

The durations of the individual stimuli were the following:

1. diatonical gamuts — 7s (on one string);

2. chords — 4s;

3. a part of Isaye’s sonata — 8s.

The test set consisted of 36 trials of the A —B type arranged randomly
and balanced in terms of succession. One-second intervals between stimuli
in a trial and two and half second intervals between trials were used. The in-
tervals between trials were intended to give the expert enough time to put his
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mark in the estimation sheet. The whole test consisted of three sets of trials,
each containing the same sound material recorded in one of the three selected
microphone systems. Each set was intended to give an evaluation of a violin
on the basis of recordings made in a given microphone system. The total dura-
tion of one set did not exceed 18'. The tests were performed on the basis of
a 20-member expert group consisting of students from higher grades in the de-
partments of sound engineering, of instruments (violins section) and of theory
and composition (sections of theory and conducting). The listening test were
carried out at the concert hall and at studio 8 —1 of the Chopin Academy of
Musie, both cases involving the whole expert group. The loudness level was
80 phons. 20 rest intervals were introduced between the test sets. In order to
give a clear distinction between instruments investigated, a preferential evalua-
tion: worse-better, was used in the test [3]. The results of the experiment are
shown in Table 1. It presents numbers of points given to a particular instrument
by each expert, according to the instruction preceding the test. The evaluation
marking was the following: choosing an instrument in a given pair as better — 1
point, lack of choice — 0 points. The table gives the sum totals of points assigned
to the individual instruments in the comparison made by experts.

The points given to the particular violins and shown in Table 1, were the
basis for a statistical analysis of the results, which used

(a) the Kolomogorov test — the investigation of the normaley of the distri-
bution of the results obtained [1].

(b) the ¢-Student test — the investigation of the statistical significance of
differences [2].

The results of the Kolomogorov test permitted a hypothesis that the distri-
bution is normal for the estimates of the whole listener group to be taken.
The above investigation was performed in order to detect the possible cases
of multimodal distributions or a rectangular distribution, which would suggest
that it is impossible to obtain an “objectivized” qualitative judgment of the
sound quality of violins under investigation.

The results from the ¢-Student test obtained for the individual pairs of
istruments investigated with the three microphone systems and for the two rooms
in which the recordings were made, are given in Table 2.

According to the rule frequently used in mathematical statistics, the fol-
lowing significance levels were taken for the hypotheses assumed [3]:

1. a highly significant result — the probability of the validity of the null
hypothesis, p < 0.1%;

2. a significant result — the probability of the validity of the null hypothe-
sis within the limits from 0.1 to 1.0 %;

3. a probably significant result — the probability of the validity of the
null hypothesis within the limits from 1.0-5.09%;

4. an insignificant result — the probability of the validity of the null
hypothesis p > 5 9.

2 — Archives of Acoustics 1/81
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The null hypothesis was the statement that the investigation method used
does not permit to distinguish qualitatively between instruments under in-
vestigation.

Table 2
hni
Violin Technique

mono Xy AB

111 concert hall 11.362 2.232 2.321
studio 8 —1 4,232 1.277 2.867

L YII concert hall 20.225 7.248 10.332
studio §—1 7.423 4,011 4.164

I—TII concert hall 9.703 6.429 9.460
studio S —1 6.158 2.939 2.783

The values of the t-Student test, which evidence a given significance level
of differences, as read from the statistical tables for the ¢-Student distribution
with 8 = N —1 degrees of freedom, where N is the number of listeners (N = 20),
are the following [4]:

(1) ¢ > 3.883 — highly significant;

(2) t = 2.861 — significant;

(3) t=1.729 — probably significant;

(4) t = 1.729 — ingignificant.

The values of the {-Student test obtained from the experiment are shown
in Table 2. A comparison of the empirical values with the critical t-Student
values taken from the tables shows a real difference between instruments in-
vestigated. Only once, i.e. the difference in evaluation between violin T and
violin II, based on the recording by the XY technique at studio 8 —1, it ap-
peared to be insignificant. A comparison of the empirical values of the {-Student
test obtained for the recordings made at studio 8 —1 and at the concert hall,
using the same microphone system, shows a significant difference between the
results obtained. This suggests an effect of the acoustics of the room on the
sound quality in the recording.

Since the values of the ¢-Student test obtained as a result of the above
experiment suggest a distinction between instruments in each of the three
systems used, the investigators determined to carry out another test in order
to answer the question which of the sound recordings made in the three micro-
phone systems was closest in terms of sound quality to the “live” performance
(the assessment of the fidelity of a recording). A piece of J. 8. Bach’s Chaconna
which was recorded previously was used as sound material. The test was based
on the A —W —B method with a presentation of the standard W (“live”)
performance between test stimuli. Each sound sample lasted 9 seconds. In
view of the “live” W presentation it was difficult to take a precise duration of the
intervals between the stimuli A —W — B in the test. The|rea1 intervals between

.



RECORDINGS FOR LISTENING EVALUATION 19

the stimuli lasted about 2 seconds, while the interval between the test trials
lasted 3 seconds. The whole test was divided into three trial sets, each consist-
ing of six randomly arranged trials (three trials of the A —W — B type and
three trials of the B—W — 4 type). The total duration of one set did not exceed
6’. The aim of each task set was to select such a microphone system that would
give in its recording the most faithful representation of the quality of the in-
dividual instruments investigated. The test was carried out at the concert
hall of the Chopin Academy of Music for a twelve-member expert group. The
performer was situated half-way between loudspeakers.

The principle of point giving was the same as in the first test : choosing
a given microphone system — 1 point, lack of choice — 0 points. Table 3 shows
the sum total of points assigned to a given mierophone system by each expert
in each trial set. The principle of point summation was the same as in Table 1.
The data in this table were then the basis for statistical processing of the results
in the same way as the statistical elaboration of the results of the previous
experiment,

Table 3

No Violin I Violin II Violin III
\ monol X ’ AB mono! Xl AB monol XY I AB
1 4 0 2 3 1 2 4 1 1
2 4 0 2 3 0 3 2 3 1
3 3 3 0 3 1 2 1 1 4
4 3 1 2 3 1 2 1 2 3
5 3 2 1 2 ] 3 1 4 1 1
6 3 1 2 2 1 3 3 2 1
7 3 0 3 2 3 1 2 4 2 3
8 2 3 : | 2 2 2 2 1 3
9 2 2 2 2 2 2 3 2 1
10 2 2 2 2 i | 3 2 i 3
11 2 0 4 2 2 2 0 2 4
12 1 2 3 1 2 3 0 2 4
| 32 16 24 27 19 26 23 20 29

Under the assumption of significance levels according to the same principle
as in the first test, there are now four critical values of the ¢-Student distri-
bution read from the statistical tables for 8§ = N —1 degrees of freedom (where
N = 24, i.e. 12 listeners times two successions of presentation);

(1) t = 3.496 — highly significant;

(2) t = 2.500 — significant;

(3) = 1.714 — probably significant;

(4) t > 1.714 — ingignificant.
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The empirical values of the i-Student test obtained for the individual
pairs of microphone systems in the case of each instrument are given in Table 4.

Table 4

Violin
Sk snzi . 111

Technique

mono — X¥ | 1.796 1.623 0.495
mono — AB 1.430 0.266 0.640
AB - X¥ {1100 | 1277 | 1.650

The results obtained show that the fidelity of a recording (similarity ot the
original) was, according to the listeners, highest:

(a) in the case of violin I when the mono system was used;

(b) in the case of violin II, similar when the mono and the sterco AB
systems were used;

(¢) in the case of violin III when the stereo AB system was used.

In the case of all the three violins the representations in the stereo XY
technique were found to be least faithful.

3. Discussion and conclusions

The results obtained in both experiments and a statistical analysis of them
lead to the following conclugions and remarks.

The results of the evaluation of the sound quality of selected violions,
made using the listening test, coincided with the results of direct evaluation
made by experts (the members of the Department of Bow Instruments) The
recordings made in each of the microphone systems used permltted a good esti-
mation of differences between the instruments investigated. The credibility
of the estimates made by the expert group, that is visible from a statistical
processing of the results, was very high. A comparison of the values of the ¢-Stu-
dent test obtained for the qualitative evaluation of recordings made in the parti-
cular microphone systems (Table 2) suggests the conclusion that difference
between instruments was most conspicuous in the case of a recording made
using a mono microphone, and successively in a recording made using the
stereo techniques AB and XY. A comparison of the values of the #-Student
test obtained for recordings made at studio § —1 and at the concert hall seems
to indicate that each microphone system responded to a higher degree to the
differences between instruments at the concert hall, i.e. a room with better
acoustic conditions. An exception here is the ¢-Student test value for the com-
parison of violin I and violin II, based on recordings in the AB technique.

Since the aim of the investigations was not to solve the problem of the
effect of the acoustics of a room, but only to show whether this effect occurs at
all in terms of evaluation of an instrument recorded, it is difficult to draw speci-
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fic conclusions on the basis of the results obtained. It seems useful, therefore,
to perform investigations of the problem in nearest future, which may shed
more light on it. This demand also applies to other variable conditions of the
listening technique and to microphone types used in recording.

Tt follows from the results obtained from the second test that it was most
troublesome for the listener group to select that microphone system which would
most faithfully represent an instrument. The present results permit, however,
the following conclusions to be drawn:

1. in the case of good instruments the mono technique assures highest
fidelity;

2. in the case of poor instruments the stereo 4B technique assures highest
fidelity;

3. the stereo XY technique appears to be least useful in the case of audi-
tory evaluation of the sound quality of the violin on the basis of microphone
tests.

The present results also permit a conclusion that the better the violin is,
the greater differences oceur between recordings obtained by means of
different microphone techniques. This leads to a further hypothesis that the
poorer an instrument is, the less effect the recording technique has on the re-
presentation of the sound quality of an object investigated. This hypothesis
requires, however, further and wider experimental evidence. :

In summary it can be stated that it is useful to perform subjective in-
vestigation of the sound quality of the violin using the comparison method
on the basis of sound recordings. Coincidence of estimates made by expert
violinists in the so called direct evaluation with estimates made by a listener group
by way of indirect evaluation indicates that a recording can sufficiently well
evidence the quality of a given instrument. Since the most frequent aim of
auditory quality evaluation is selecting the best of a group of objects tested,
the present results are in favor of the recordings made in the mono system.
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AVERAGING THE FREQUENCY OF THE LARYNX TONE IN THE CORRELATION
METHOD OF ITS ESTIMATION USING THE TECHNIQUE OF LINEAR PREDICTION

ANDRZEJ DZIURNIKOWSKI

PESEL (02-106 Warszawa, ul. Pawinskiego 17/21)

This paper presents some problems in the effects of averaging the results
obtained from the analysis of a speech signal, related to the use of the correlation
method of the estimation of the frequency of the larynx tone. The present con-
siderations are concerned with the analysis of a speech signal using the algorithm
of linear prediction. The thesis that the results obtained from averaging depend
on the parameters of the analysis assumed and the character of a signal is proposed
and the reasons for this phenomenon discussed. This dependence must not be
neglected in choosing the methods of gpeech signal analysis in real investiga-
tions.

1. Introduction

The autocorrelation analysis of a speech signal is one of the earliest methods
of the estimation of the frequency of the larynx tone (the fundamental fre-
quency). Since, in general, a speech signal is an implementation of a certain
stochastic process which for adequately long durations in its selected classes,
can be regarded as a stationary signal, it is necessary to take into consideration
during the analysis of it the dependencies which arise from this fact and condi-
tions for the estimators of an autocorrelation function of this type of signals.

This paper presents numerical methods of the estimation of the frequency
of the larynx tone by means of the autocorrelation analysis using the technique
of linear prediction. The direct considerations and examples are based on the
analysis of the autocorrelation sequence of the error signal of linear prediction.

1t is proposed that the precision of the results obtained using the estimation
method assumed depends directly both on the parameters of the analysis as-
sumed and the character of the signal itself in a predetermined interval of the
analysis. The averaging of the estimated values of the periods of the larynx
tone is an effect of these dependencies.
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The present paper discusses this problem and presents a method for its
analysis, based on a measure of the deviation of the estimated values of the
periods of the larynx tone from their real values, as proposed by the author,
and the smoothing coefficient defined on the basis of this measure.

The existence of these factors in the methods for the determination of the
value of the periods of the larynx tone presented here must be considered in the
determination of the aim of investigation and also calls in question its use in
the spectral analysis of a speech signal, synchronised by the larynx tone.

7

2. Estimation of the autocorrelation function of a discrete stochastic process

All stochastic processes are characterised by giving a #n-dimensional
probability distribution of random wvariables for #->4-cc. A human speech
signal is one of these processes, experimental investigations of which are in
view of practical constraints performed on a signal of finite duration. It is,
therefore, impossible to determine precisely all the parameters of the probability
distribution on the basis of experimental data. In this situation, funetionals
defined by selected implementations of random processes obtained from in-
vestigation of signals are assumed as the parameters of the probability distri-
bution and are called the estimators of the parameters of processes analysed.
In the correlation methods for the investigation of random signals, which are
most frequently used to determine the regularity of the structure of a speech
signal and for determination of its successive periods, called the larynx tone,
the autocorrelation function of the process (or its transform) is assumed as
the parameter, which is defined as

Byt ta) = B[Xo(t;) Xo(ts)], ; (1)

where X,(t) = X(t)— E[X(f)]. For the stationary processes this function de-
pends only on v = #, —¢,. In numerous cases in view of the fact that the variance
does not depend on the time #, the normalised autocorrelation function is as-
sumed
Bty
RY(x) = g(“) : @)
&

Estimation of the parameters of the probability distribution of stochastic
processes, based on the estimators, must always satisty the following require-
ments: the estimators should be compatible, unweighted, “best” from the point
of view of a criterion assumed (e.g. effective where effectiveness is the ratio
of the minimum optimum variance to the variance of an estimator assumed)
[12]. There is a number of estimators for determination of the autocorrelation
function R(z) of a stationary process, based on its implementation. The estima-
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tor defined by the formula

T—7
Po(v) = [ a(t, ) Xo(8) Xo(t+7)at (3)

0

is most frequently used, where a(t, v) is the weight function whose selection
affects in-a significant way the quality of the estimator. In the case when the
mean value of a random process is known, the quantity P,(z) defined by formula
(3) is an unweighted estimator of the function R, (7). Determination of the opti-
mum weight function a,, in view of the minimum variance of the estimator
P,(7) is here troublesome and requires knowledge of the autocorrelation fune-
tion R (7). Therefore, this estimator is quite often determined on the basis

of the integral mean as
e :
P(7) =- [ Xo(t) Xo(t+v)at (4)
I'—z ; ;

which gives a relatively low estimation error [12]. The situation is different
when the mean value of a random process is unknown and it is estimated on
the basis of the implementation of the process itself. In this case the error of
the weight of the estimator cannot be avoided. In order to avoid the weight
of this estimator it would be necessary to introduce additionally a coefficient
of the general form 1/1—F[R,(r)] [12]. Since the function R,(7) is unknown
at the time of estimation, therefore in order to avoid the weight first the weigh-
ted autocorrelation function is quite often determined and then iterative opera-
tions are used to avoid the weight [12]. It is a very complicated process, there-
fore, many authors consciously or not assume in their investigations estimated
values weighted by error. The estimator of the autocorrelation funection of
random signal is essentially the estimator of the function and not a parameter
and also a random funetion. Therefore, its covariance should be determined
in the estimation of the error of such estimator. Given in [12], the formula
for the estimation of the covariance of the estimator permits a conclusion that
the covariance between the values of the estimator decreages with increasing
duration of the process. Therefore, the final values of the estimator in a se-
quence are insignificant. In view of the above fact and also the relevant relations
for the variability of the estimator [12] it is possible to determine in practice
the duration 7, ., for which it is worthwhile to calculate the estimator [4, 5].

In practice under the pressure of requirements resulting from the assump-
tions of an experiment the analysis of this type is not frequently carried out
despite the fact that only in some cases this approach would have been justi-
fied by the requirement of the experiment e.g. when the absolute values of the
estimator are not essential, but the character of its variation or the position
of its extrema etec. As for a continuous stationary process, for the stationary
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sequence {X(n)} the estimator defined by the formula

N—j

¥ T
Bk &
J n=1

(n)a(n +j) (5)

is determined, to which all the remarks concerning the estimation of the auto-
correlation function of a random process apply.

In the further part of this paper for the sake of uniformity of notation,
the values of the autocorrelation function or its estimators will expressed by
o(j) (the coefficients of the autocorrelation function).

3. Numerical methods for the estimation of the frequency of the larynx tone
by the autocorrelation analysis using the technique of linear prediction

Only those signals will considered that are represented by the sample
sequences {x(n)} of the signal, i.e. signals in the form of numerical data, which
can be easily processed digitally using computer.

One of the basic methods for the estimation of the frequency of the larynx
tone used in the literature is the autocorrelation analysis of the sample sequence
of a speech signal, {#(n)} carried out on the basis of the relation

+00
0.() = D a(m)a(n+j). (6)
fN=—00
In practice the autocorrelation coefficients a}e calculated for the cut-off :

signal, i.e. a signal for which x(n) = 0 for n < 0 and » > N —1. This signifies
that '
e{—j) =0 for [j|=N,
and (7)
N-1-j
ol i) = 0. —j = D @(ma(n+j)  for j.=0,1,...,N-1.
n=0
There is a number of algorithms for calculating the autocorrelation coeffi-
cients, for example: the algorithm based on the calculation of the Fast Fourrier
Transform (FFT) [9, 11] or the algorithm which implements the so called con-
tinuous correlation [9]. However, in both these and other methods, the results
obtained, which are the basis for the estimation of the frequency of the larynx
tone, are, in addition to the estimation error, weighted by the higher harmonic
frequencies of I, (the effect of formants is significant), particularly the first one,
that oceur in a speech signal. One of the methods for the estimation of the larynx
tone freguency by the autocorrelation technique in a signal from which the effect of
formants was eliminated is the one proposed by ITAKURA and SA1To [7], a method
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for the estimation of the frequency of the larynx tone, using the technique
of linear prediction. The algorithm for calculating the estimated frequencies f,,
as described in [4] is based on the calculation in the discrete time domain of the
successive values of the error signal {e(n)} (cf. Fig. 1) defined as

M M :
e(n) = Y aw(n—i) = w(n)+ D aw(n—i), (8)

efn),

number of sample [n]

e(n)

number of sample [n]

Fig. 1. An example of the error signal {e(n)} in the word “pokoju”

where a; are the coefficients of the inverse filter A () of order M, defined in the
z-domain as

M
Ag) = Dlag !, ay =1 (9)
=0

Given in [4], the analysis of the duration of the period of the larynx tone
and the estimation of its frequency is based on the autocorrelation analysis of the
sequence {e(n)}

+ oo

0.(j) = D e(m)e(n+j). (10)

N=—o00

There are a few specific variants of caleculating the autocorrelation sequence
{0,(7)} using the relations between the coefficients of linear prediction and the
real values of a signal, based on a direct implementation of the procedure descri-
bed by formula (10) or using the autocorrelation function {g,(j)} of the real
data {#(n)}. The second variant uses the relation obtained from transformation
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of formula (10) by insertion in it of the expression described by formula (8)

+o0

By i 2 Zaak (n—i)w(n+j—F). (11)

n=—00 i=—00 k=—00
This insertion involved the fact that

+ 00

e(n) = 2 a;x(n—1)

since a; = 0 for ¢ ¢ [0, M.
By substituting a new variable » = k—14 and transformation expression
(11) can be written in the form

“+ 00
0.(j) = D ea(r)e,(i—1), (12)
F=—00
where g, () is the autocorrelation of the sequence of the prediction coefficients
{a;}. In practice the limits of summation occur, since a; = 0 for i< 0; ¢ > M
and #(n) = 0 for n << 0; n > N —1, which causes that g,(n) = 0 for |n| > M
and g,(n) = 0 for |n| > M 1.

The estimation of the larynx tone based on expression (12) although it
does not require the calculation of the sequence {e(n)}, makes it necessary
however, to caleulate previously the sequence {o,(j—7)} on the basis of the
sequence {z(n)} and to calculate the prediction coefficients and subsequently
on their basis the sequence {o,(r)}. When using one of the many available te-
chniques of the calculation of the error signal given in [8] it is, however, more
convenient to analyse on the basis of relation (10) in the limited summation
range

N—-1-j
o.(i) = D e(n)e(n+j), (13)
n=0
where the sequence {g,(j)} is in practice calculated for j < N /2. This method,
which essentially consists in simple calculation of the autocorrelation coeffi-
cients, based on the values of the error signal of linear prediction will be the
basis of the further considerations.

4. The effect of the method for estimation of the larynx frequency on the precision of results
obtained

It follows from (13) that if one takes the sequence {g.(j)} as the direct basis
for tracing the duration of the period of the larynx tone by determining the
values of max {g,(j)} in a predetermined interval @ depending on f, (the sampling

J
frequem\ay) and a predetermined period of. the analysis of the frequency
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of the larynx tone, then the selection of the values of N in formula (13) essentially
affects the averaging of the values of {f,}, which are the successive
values of the estimated frequency of the larynx tone.

Tt is interesting to consider how the values of N are chosen in relation to
the frequency f, and a predetermined analytical range of the larynx tone limited
by the lower boundary f; and the upper boundary [, and how this affects the
averaging of the estimated values of {f,}; m =1,2..., in relation to
their real values. In practice only the lower boundary essentially affects the
choice of the values of N according to the relation accounting for the estimation

strategy as described in [3, 4]
v-| f—’”], (14)

fa

where the notation [a] denotes a smallest integer larger than or equal to a.
The function [a] was assumed in order to satisfy the requirement of viability
of the estimation strategy assumed. The value of N as a function of two parame-
ters varies in the manner shown in Table 1.

Table 1. The values of the function N
= f(fp, fa) for selected values of the pa-
rameters f, and fz

Jala] P
e | Lo |
20 1000 1200 2000
40 500 600 1000
50 400 480 800
60 334 400 667
80 250 300 500
100 200 240 400

While the lower predetermined frequency f, affects the determination
of the lower boundary of the interval @, in which max {g,(j)} is traced, the upper

frequency f, is the lower limit of the interval @; jge [L(f,), N/2]. The interval
thus defined is essential for the effect of averaging the estimated values of f,,.
This effect can to a lesser or greater degree occur in relation to the real period
of the larynx tone.

If T,, denotes the real m-th period of the larynx tone then it can be stated
that the longer the period T,, the lesser averaging effect occurs. The shorter
the period T,, the greater the effect is, depending in direct proportion on the
value of N. The variable N is a function of the permissible value of T; =
— max{T,}, defined by formula (14). Therefore, the higher frequency of the

m
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larynx tone is examined and at the same time the lower frequency f; is taken,
the greater the effect of averaging the frequency of the larynx tone will be in
its estimation based on the autocorrelation method and the technique of linear
prediction. ;

The above problem can be presented in the following way. If T, denotes
the hypothetical period of the larynx tone defined by the number of samples
of the signal sampled at the frequency fp and a denotes the filling coefficient
of interval [0, N] of the form

s ' (1)

N
then the function a(7),) which takes values from the interval [2, 7 ] behaves
b

as in Fig. 2.

CUP

0 t/f fo/ fo, fo/ ta, Ly R

Fig. 2. The curve of the function a(T}) in relation to the parameter fa

It can be seen that depending on the frequency f, assumed and in particular
on the possible gap f, = f, —f,, the filling coefficient varies taking a maximum
value of

Oy = 2 == (16)

When the funetion describing the signal is periodie, the coefficient a is
insignificant in the calculation of the autocorrelation coefficients, since it is

invariable for each successive period of a signal with the duration N. It is signi-

ficant, however, in the autocorrelation analysis of quasiperiodic signals, e.g.

a voiced speech signal. In this case a # const. and depending on the real values

L&
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of the period of the larynx tone T, can be expressed by the formula*

-1 i=a
z = 3 TN~ 3 T)

e Sl {3 Stacfe— Bl (S el

m=0 =10

where

0 for <O,

T, =0, v S I—amax]i Tp+1 == ooy (o) = {1 for z = 0.

The coefficient a, is a function of the successive periods of the larynx
tone; a, = f(Toy T4y Ty Tsy ..., T[“tﬂ) and takes the real positive values
Uy < Gpax - 5

Formula (17) applies to the real conditions of the autocorrelation analysis
of a signal of finite duration. The filling coefficient of a quasiperiodie signal,
a,, significantly affects the averaging of the estimated of the larynx
tone, since it reflects the share of a given number of the variable periods
in the calculation of the autocorrelation coefficients. There is still
another aspect related to the behaviour of the autocorrelation function deter-
mined by the sequence of its coefficients, which is connected with a speech signal,
and accordingly the error signal, being in most general terms a stochastic signal.
When one considers only the voiced speech signal, which is quasiperiodic and
therefore interesting for the estimation of the fundamental frequency Tons
then for adequately long signals it is often possible to assume that a signal
is ergodic. Under this assumption for such signals the autocorrelation function
behaves in a specific manner and is then defined by the relation

n=N
j . 1 .
(i) = JLTWWWZ_N‘X‘”’X‘” +j)- (18)

The autocorrelation function of an ergodic stochastic process is nonlinear
and takes values from a limited range, which results from the fact that

n=N
limo,(j) = 2,(0) = ¥m — ' Xt(n) (19)

j—0 N-—>+o0 2N aa i

and

lim o, () = lim > > X(m) X(n+)g(X w), X(n+j), ) = B X (m)], (20)

e i X X(wt1)

* Formula (17) is valid for the analysis of a quasiperiodic signal synchronised by the
larynx tone as deseribed in [4].
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where ¢ is the probability density function, while B[X (n)] is the first mo-
ment of the random variable X (n)* and o,(0) = maxg,(j). The possible assump-
tion is here used, that for j+ co interaction of the random variables X (n) and
X(n-+j), represented by the values =(n) and a(n +4), disappears
and in the boundary case they can be treated as statistically independent.

Similar relations apply to the error signal obtained using the technique
of linear prediction. The foregoing considerations dealt with the autocorrela-
tion signal analysis based on relation (6). In practice the analysis is carried out
on a signal of finite duration using relations (7) and (13). This fact naturally
causes a more rapid decrease in the value of the autocorrelation function. It
can be expressed in approximation by the relation

e'(J) = B(j) e.(4), (21)
where f(j) = A(TN_—il_TJ 3 JeL(f,), N/2] and functions as the damping coef-

ficient of the autocorrelation g,(j) (see Fig. 3).

B ()

]
|
]

SRR BE A - O i A

- Nz
Np-1
TP TR P BN SRS S ALk 48 . i
TR |
|
|
0 | L e
L(fy) Ny /2 Ny /2 J

Fig. 3. The dependence of the linear “damping coefficient” of autocorrelation, f(j) on the
length of the caleulation interval

The relation discussed above, which is connected with the random character
of the signal, is distinctly reflected in Figs. 4-8. In practice, relation (21) only
expresses a trend in the behaviour of the autocorrelation funetion, which can be
disturbed by the quasiperiodicity of the signal. This phenomenon is shown
in Figs. 4-8. A more exact consideration of how the signal itself affects the be-

* In the case of quasiperiodicity of the ergodic process

E[X(n)] =E[X(n+))]=...=B[X].
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Fig. 4. The function of the error of linear
prediction, {e(n)}p, calculated for the signal
{X (n)}p representing the word “pokoju”, for
the first N = 480 values of the signal {X (n)}p
from the beginning of the phoneme /k/ (4a)
and the corresponding autocorrelation function

{ee(7)} (40)

al

e(n)

b) el

3000

2000

T

1000

- 1000
- 2000

~3000
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40K
20

-20
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b) plj)
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Fig. 5. The function of the error of linear

prediction, {e(n)} calculated for the signal

representing the word “pokoju” for N = 480

values of the signal {z(n)}p from the second

quasiperiod of the signal of the phoneme /[o/

(5a) and the corresponding autocorrelation
function {g.(j)} (5b)
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Fig. 7. The function of the error of linear

prediction, {e(n)} calculated for the signal

representing the word “pokoju” for N = 480

values of the signal {#(n)}p from the fourth

guasiperiod of the phoneme [o/ (7a) and

the corresponding autocorrelation function
{ee(j)} (70)

oY

Fig. 6. The function of the error of linear

prediction, {e(n)} calculated for the signal

representing the word “pokoju” for N' = 480

values of the signal {z(n)}p from the third

quasiperiod of the signal of the phoneme /o/

(6a) and the corresponding autocorrelation
function {p.(j)} (6b)
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a) efn)

b)  pGA

3000 I~
2000 | Fig. 8. The function of the error of linear
prediction, {e(n)} calculated for the signal re-
1000 i presenting the word “pokoju” for N = 480

L’V‘AV—V‘.\'——- values of the signal {z(n)}p from the fifth
o o quasiperiod of the phoneme /o/ (8a) and

the corresponding autocorrelation function
{0e(7)} (8D)

T

-2000

haviour of the autocorrelation function now follows. To that end the quasi-
periodic signal ¢(n) will be given in the form
k=K
o(n) = D' Oy By(n—kT,—n,), (22)
k=0
where Cy, Cy, ..., (', ... is the sequence of the coefficients of amplitude changes
in the successive periods of the signal, while ¥, (n) is the function describing
the k-th elementary process in the period and is a normalised
function, i.e. |E,(n)] = 1. The coefficients C; characterise changes in ampli-
tude of the signal, while the quantities 7 describe changes in the initial phage
of the k-th elementary process with respect to the hypothetical period T, (see
Fig. 9). The function F,(n) can be given in approximation in the following way

e 2
0 for n << kTh-f_nk?
By(n—kTy—m) =1 B(z)  for kTy+m, < n < (k+1) T+ 1,1, (23)
0 for n > (k+1)Th+7?k+1y
where v = n—kT, —17, '
T for 0< <1,

[B(z)] =12—7 for 1 <-7is52,
0 Xor (v >>9;
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Tt ecan be assumed that the coefficients C, and 7, are in general case random
variables characterised by unknown probability density functions g(¢) and
g(n), and essentially disturb the periodicity of the aumtocorrelation function.
Since the interest here is first of all the estimation of the fundamental frequency
of signals of this type, the present considerations will concern particularly the
influence of change in duration of successive periods of the signal e(n) defined
by the sequence of values of #,, k = 0,1, ... k, on the fundamental period T},
estimated using the autocorrelation function.

e(n)l

b =T
Cx-1 Cx 3

Ck-2 Crei

Vv T n

Cre2
ur Urs] Nke2
Th 2 T,, T,., 7 R n

Fig. 9. A random sequence of pulses of a quasiperiodic signal

We insert into formula (18) the signal described by formula (22)

n=N
} donid y
eo(j) = lim — D' e(m)e(n+3)
AT il n=—N
| N k=K 1=K
= lim oN Z OkEk(“_kTh—Wk)Z C E (n—1T,—n;+j)
N-roe n=—N k=0 il
| kKK n=+N
=lim —— 3" 30,0, Y Bln—kT,—n) Bln—1Ty—n+j). (24)
Aree k=0 1=0 n=—N

Substituting the relevant Fourier transforms [10] for the expression E(n),
with consideration of delay
1 N-1
Bn—kTy—m) = 5 2 8 (w,) 6 rm e~ ek Th gt

r=0
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where o, = 2nr/N and 8(w,) is the amplitude spectrum of the process H(n),
we obtain the following form of equation (24):

N I
2 ; 1 : 4
o.(j) = Nz Z IS 12 w,.j[lim ?N-_ Z 2 Ck 0, e-zwr(’ik-E—fq)8—1wr(k+I)Th] . (25)
r=0 k=0 l=0

Let us designate k41 = m and note that if ¢, and C; and Ik, and #, are
independent, then

=2

K
limLZCkOm_ke—iwr(nk+n,-) i C—L for m = 0,
e = : Clp(w) for m + 0;

C,=0_ and u=9_, ¢lo)= E["jm"]a

where ¢(w,) is the characteristic function of the distribution of the random
variable n [9]. Therefore

K N-1
1
ot = e 33 S st et emn i & S0, 0]
m=0 r=0
0 s ’
B 3}2 2NEZZ 18 (@,)]2 g (,) |26~ i), (26)

m=l r=90

where g,(j) is the autocorrelation function of the periodic signal E(n).

It should be noted that relation (26) is valid for N—+ oo, i.e. at the same
time K+ oo, which is not satisfied for investigations in practice, and also
under the assumption that H{e] = 0. More exact consideration of these problems
can be found in paper [1]. The above theoretical considerations lead to the con-
clusion that the autocorrelation function of the signal described by formula
(22) is a complicated probability density function of the random variable 7
and € and therefore it is difficult to draw conclusions on the behaviour of values
of the autocorrelation function without knowledge of these distributions.

Irrespective of the form assumed for the distributions of these variables,
the results of analyses based on relation (22) do not have general character,
since the shape of these distributions is strongly dependent on the individual
characteristics of the speaker. It is, however, an essential result of these consi-
derations that they confirmed strong dependence of the auto-
correlation function on the length of the analytical interval and
on the real duration of successive periods. The determination of the degree
of averaging the frequency of the larynx tone, consisting in tracing max{o(j)}

i

in a predetermined analytical interval is therefore dependent on the values-
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of N and T, the latter being a hypothetical duration of the larynx tone period,
chosen as the first period within the interval of the signal processed.

It seems justified to introduce a measure which would be a simple relation
describing the degree of deviation of the estimated mean duration of the period
of the larynx tone, from the real length of the first period within the predeter-
mined I-th interval of the analysis. This measure can be expressed in the form

‘ :
i T;I-z :T;e :Til' o (27)

o

The averaged estimated length can in approximation be described as the
arithmetic mean

ak
2 T
= N 82
Tzzt 1; E*T’ a]izl_a;] ( )
ag a;. :

If we hypothetically assume the periodicity of the signal in the investigated
interval N with a predetermined period equal to a chosen value 7;,i =1, 2,
.oy @, then we can determine the filling of this interval by relevant periods
of the signal as a; = [N/T;]. Thus assuming that 7T} =T! ~ N/} we
obtain the approximate value & of the quantity o}, as

l

a
R VAR, . B 9
Ip “; (29)

It should be noted here that expression (29) can be used to determine the
approximate value é, defined by formula (27) only for the relatively long analy-
tical intervals with respect to the periods of the larynx tone under analysis
(i.e. for high values of ). Fig. 10 shows schematically the examples of values
taken by the function a, depending on the distribution of the real successive
periods of the larynx tone for a predetermined length of the analytical period N.

It follows from the foregoing considerations that in the autocorrelation
analysis the estimated periodicity of the signal deviates in succesive steps of the
analysis from the real values of periods of the quasiperiodic signal and depends
in most general case on the value of @, and also on the real period 7, =T,,
itself. This difference can be defined in approximation by the deviation measure
6, whose sign shows the direction of this deviation.

The deviation measure 8, does not define the measure of averaging irres-
pective of how this measure will be defined. There is, however, a relation bet-
ween these two measures, since the averaging measure is a funection of the varia-
bles (N, T%, o}).

If we take as the averaging measure a smoothing coefficient of the sequence
of the real durations of the period of the larynx tone in the form of a normalised
sum of differences between the successive real values and estimated period
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durations for their predetermined number L in the form

L L
1 1
Wh = — N (T —TIT, = — 3|8, (30)
i=1 i=1

then the thus defined smoothing coefficient is the arithmetic mean of succes-
sive deviation measures. The greater absolute values the coefficient W% takes
the more significant the smoothing of the real values of the sequence {T%}
becomes. Some conclusions can be drawn, therefore, on the averaging of these
values in their estimation by the method of linear prediction, based on determi-
nation in a predetermined analytical interval of the averaged values of succes-
sive periods of the larynx tone [4]. The value of the coefficient W via the
absolute values of the deviation measure 6], depends on the ratio a;/a}, which
to some extent reflects the quasiperiodicity of the signal investigated.

agh

5 £ 7§ 7 17
0F E | | .'_3
7 73 7 T

Fig. 10. An example of the values of the function depending on the length and
distribution of guasiperiods of a signal

The longer the analytical interval defined by the value of N and the shorter
the quasiperiods 7'; contained in it, the greater value a, takes, which affects
determination of theraveraged duration of the estimated period T',. At the same
time, however, the greater the measure 4, can hecome in the case of local steplike
change in the real value of the larynx tone. In turn, for low values of N (short
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analytical interval) and long quasiperiods T;a, decreases, which causes large
averaging errors to occur in the estimation of value of T, and subsequently
significant changes in values of d,. This can be demonstrated by the estimation
of the period T, for the two successive sequences of the quasiperiods T;; the
sequence C, = {88, 95, 103, 107, 111, 119} and the sequence C, = {89, 115, 85,
108, 112}. The results obtained are shown in Table 2.

Table 2. Variation in the deviation of the estimated mean duration of the

period of the larynx tone from the real duration of the first period, depen-

ding on the length of the analytical period N, for two chosen sequences of
values of T

Coefficients s i
Ol OE
N 240 320 480 240 320 . | 480
% 2 3 4 2 3 I 1
7, 91 98 | 100 | 102 96 | 99
s, —0.039 | —0.113 | —0.136 | —0.16 | —0.09 | —0.12

It can be seen, therefore, that smoothing the signal by averaging its real
values obtained from their estimation depends on the structure of the signal
and the length of the analytical interval, which can locally cause large error
of the values estimated. Irrespective, therefore, of uncontrolled smoothing
or averaging of the real values of the parameters defined, which results from the
analytical method assumed for their estimation, additional averaging of the
estimated parameters {T'} is introduced, in order to minimise the local errors
and smooth out the results of the sequence 7. This is most often done by linear
or nonlinear approximating of successive values T: on the basis of the previous
values [4].

5. Discussion of the results obtained from a specific computer implementation of the algorithm
for the extraction of the larynx tone by the method of linear prediction

The foregoing considerations served to elaborate the assumptions for a com-
puter implementation of the algorithm for the extraction of the larynx tone
in a continuous speech signal. This algorithm was written in the Fortran lan-
gunage and used for statistical investigations aimed at elaboration of a method
for speaker identification.

This algorithm described in [4] assumed the following implementation
conditions. The lower frequency limiting the analytical range of the larynx
tone frequency was taken as f; = 50 Hz, which at the sampling frequency used in

these investigations defined the length of the analytical segment N = 480 samples
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according to formula (14) and Table 1, while the upper limiting frequency of the
larynx tone was f, ~ 333 Hz.

Thus the coefficient a, was contained in the interval from 2 to 14 and in
the investigation of male voices whose mean frequency F, oscillated about
a frequency of ~ 120 Hz, this coefficient was close to 5 (Figs. 4-8). The avera-
ging range in a signal of relatively low disturbance in its periodicity should
be thus selected that it could be possible to estimate correctly sueccessive values
of F,; and at the same time smooth out their variations. Moreover, it may hap-
pen during the estimation of the larynx tone by the autocorrelation technique
that disturbances in the structure of the signal {X(n)} and in {e(n)}
were so significant as to cause (as in the case in Fig. 4b) “local disturbances?”
in the work of the unit tracing max{g, ( J)}. This also happened (in addition to

g

the events shown in Fig. 4) when the analytical segment contained transitions
from phoneme to phoneme with large amplitude differences or decaying signals
(in terms of decreasing amplitude). In order to avoid error caused by this in-
fluence an additional estimation predicting unit was introduced, whose funetion
was to determine on the basis of the previously estimated periods of the larynx
tone, T; _,,n =1,2,...,¢—1, the expected length of the period 7';and accordingly
of the successive interval. It was thus possible to avoid estimation error equal to
half or multiple length of the real periods of the larynx tone. This caused, ho-
wever, as in the case in Fig. 4, additional averaging of the signal through smoot-
hing in addition to the smoothing resulting from averaging in the caleulation
of the autocorrelation function and approximation of the results, reducing
partly the effect of the disturbances on parameter estimation, which did not
oceur in the previous steps of the algorithm. As an example, the result obtained
from the implementation of such strategy of the estimation of the frequency
of the larynx tone in a continuous speech signal for a 30-year old man who said
“W pokoju palila sie slaba zaréwka”, is shown in Fig. 11. For comparison the

“results obtained from the implementation of the programme SPM3A based
on primary microphonematic segmentation [3, 5] for the same speech signal is
shown in Fig. 12.

The results obtained by successively tracing the real lengths of single
periods of the larynx tone (the programme SPM3A [3, 5]) are in accordance to
the previous conclusions characterised naturally by larger scatter of their values
than in the case of the results obtained from linear prediction.

The results obtained by linear prediction reflect changes in the mean values
of the results of primary segmentation calculated for a time constant of the order
of scores of milliseconds, which fully confirms the foregoing conclusions on smoot-
hing and averaging results obtained from the autocorrelation analysis used in
the estimation of the larynx tone by the method of linear prediction. The dif-
ferences at the beginning and at the end of the curves in Figs. 11 and 12 result
from relatively high disturbances of the structure of the signal {X (n)} and also
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Tig. 11. The estimated piteh contour obtamed by the method of hnear prediction for the ssgna.l
representing the sentence “w pokoju palita sie staba zardwka”

Fig. 12. The estimated pitch contour obta.fne_d by primary segmentation of the speech
signal representing the sentence “w pokoju palila sig slaba zaroéwka”
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from the assumed threshold values and the analytical intervals of &y (ef. [6])
and can be avoided by changing these values or their adequate fitting to a spe-
cific signal.

6. Conclusions

It ean be stated on the basis of the results obtained by the two methods
for the estimation of the parameter F, that both are viable from the point
of view of their conditions and in agreement with theoretical predictions.
These methods can be used for further analysis of human speech for different
purposes. While the results obtained from primary segmentation serve for spec-
tral analysis of the signal synchronised by the larynx tone in a system for
speech recognition [2], the results obtained from the implementation of the
programme based on the method of linear prediction are useless for this type
of analysis. They can be used, however, in statistical investigation of the para-
meter F, for speaker identification or verification [6]. At present the author
is performing extensive investigations of selected statistical parameters of the
distributions of the frequency F, obtained by using both methods described
above in order to determine the effect of the extraction methods used on the
precision of identification and verification of speakers, depending on the clas-
sification algorithms employed. Preliminary investigations showed that there
are parameters which show smaller scatter when the model of linear prediction
is used than in the case when the method of primary segmentation is used,
which is essential for the classification of characteristics. This confirms the
conclusion that the choice of analytical method essentially affects the results
of the investigations of speech signal and accordingly different directions of
investigation (e.g. speech recognition or speaker identification require different
analytical methods). In the present case the estimation of the frequency of the
larynx tone by the method of linear prediction for spectral analysis of a speech
signal synchronised by the larynx tone is not suitable despite advantages of the
method itself (e.g. easy implementation of the digital algorithm for linear
prediction).
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DETECTABILITY OF SMALL BLOOD VESSELS AND FLAT BOUNDARIES

6, 1, 45-56 (1981)

TISSUES IN THE ULTRASONIC PULSE ECHO METHOD

L. FILIPCZYNSKI

Institute of Fundamental Technological Research
(00-049 Warszawa, ul. Swietokrzyska 21)

The detectability of a small blood vessel of a radius 0.1 mm by the pulse
echo ultrasonic method using a frequency of 2.5 MHz was estimated. It was assu-
med that the vessel was surrounded by a homogeneous soft tissue (i.e. causing
no reflection) and was in the near region of the far field radiated in a continuous
manner by a plane transducer of a diameter of 2 cm. The soft tissue and the walls
of the vessel were assumed to have the same elastic properties as those of a li-
quid.

The measurements were carried out in a plane polar coordinate
system, where the incident wave, the reflected wave and the wave penetrating
into the vessel were expressed in terms of Bessel and Hankel functions. The
boundary conditions were assumed in the form of the equality of the acoustic
pressures and the normal components of acoustic velocitiés on each side of the
surface of the vessel. Thence the magnitude of the reflected wave was determi-
ned.

The losses of the signal due to the reflection of the wave, its divergence
and absorption, are shown in the form of a graph from which it can be seen
that the signal from the vessel considered is essentially detectible, although it
lies near the noise level, and is critically dependent on the distance from the
transducer due to attenuation in the tissues penetrated.

The detectability of the plane boundaries of soft tissues was also de-
termined, indicating that at a distance of 20 em from the transducer a difference
in the characteristic acoustic impedance of the tissues of 0.29 is sufficient to
give a detectable echo.

1. Introduction

OF SOFT

Ultrasonography (pulse ultrasonography) gives valuable information on
the human tissues investigated, permitting the detection and visualization of
the boundaries of the tissues, both normal and pathological, and also visuali-
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zation of the texture of these tissues. This is possible as a result of specular
reflections arising from the boundaries of the tissues, and from the echoes cansed
by diffuse reflections, when the size of the anatomical structures is small com-
pared to the wavelength. The present paper attempts to estimate quantitatively
the detectability, using an ultrasonographic method, of a blood vessel within
human soft tissues. The diameter of the vessel is assumed to be several times
smaller than the ultrasonic wavelength so that the reflection of the wave is
diffuse in character.

At the same time the minimum difference in the (characteristic) acoustic
impedance of the tissue that is necessary to ‘detect plane boundaries with
a normally incident wave, is determined.

2. The assumptions of the analysis

It is assumed that a blood vessel with a radius @ = 0.1 mm is in the initial
ultrasonic region of the far field generated by a plane piezoelectric transducer
(transmit-receive transducer) with a diameter of 2 em and a frequency
f = 2.6 MHz (wavelength 1 = 0.63 mm).

“Under the conditions assumed the boundary between the near and far
fields is 16 em. At a distance 7, = 20 em from the transducer one ecan
assume that the acoustic pressure in this region of the field is approximately
equal to the acoustic pressure averaged over the whole area of the ultrasonic
~beam near the transducer. The blood vessel is on the axis of the ultrasonic
beam and the axis of the vessel is perpendicular to the axis of the beam. It is
assumed that the ultrasonic wave falling onto the vessel is a plane, homogeneous
wave, although this is essentially not satisfied in practice.

The calculations were carried out for a continuous wave despite the use
of the pulse echo method in ultrasonography. However, since the diameter of the
vessel is small compared to the wavelength and since the impedances of the
soft tissue and blood hardly differ, the transient time becomes very short. In this
case the assumption of a steady state introduces no serious error.

It was also assumed that the elastic properties of the tissues are the same
as those of the liquid and also that the surrounding tissue and the walls of the
vessels are sufficiently homogeneous for no reflections to occur inside them.

3. The reflection of a plane wave from a blood vessel

=

The caleulations were made for a plane polar coordinate system

where r is the radius, and 6 is the azimuth. The axis of the coordinate system
coincides with the axis of the blood vessel. The incident plane wave can be re-
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presented here as a series of cylindrical funections [5]
9i = pulJolker) +2 3 (=), (kyr) cos (m0)] &, e
1

where ¢; is the a,c‘})ustic potential of the incident wave, ¢, is the potential
amplitude, J,, is a Bessel function of order m, m is an integer, k, = w/¢, is the
wave number, o = 2xnf, f is the frequency, and ¢; is the wave velocity in the
tissue.

The acoustic potentials of the reflected wave and of the wave penetrating
into the vessel are of the forms respectively

3 ¢ = 3 A HY (Ryr) cos (m0) e, )
0

o= D) B, (lyr)cos(mb) e, (3)
0

where H?) is a Hankel function of the second kind of order m, k, = /¢, is the
- wave number, and ¢, is the wave velocity in blood.

The functions J,,(kr) and HE (kr) are solutions of the wave equation
in the cylindrical coordinate system for the variable r. The function H? repre-
sents the wave propagating in the direction of increasing radius r. However,
this funetion is not specified for » tending to zero. The wave penetrating into
the blood vessel was therefore described by the funetion J,,. The constants
A, and B,, are determined from two boundary conditions, which must be satis-
fied on the perimeter of the vessel r = a. These conditions consist in the equa-
lity of the pressures p and the normal components of acoustic velocity, v,,
which are connected with the acoustic potential the by relations

dp
s g e 4
P e o’ ()

v, = —grad,p, (b)

where p is the density of the medium.

All the tangential stresses were assumed to be equal to zero. It was thus
assumed that the elastic properties of the blood vessel and the surrounding
tissue are the same as those of a liquid.

This is certainly an approximation, since tangential stresses, e.g., those
maintaining the cylindrical shape of the vessel, do occur in the walls of the
vessel.

The acoustic pressure and velocity in the surrounding medium can be ob-
tained from expressions (1) and (2), and for the internal medium from expres-



48 L. FILIPCZYNSKI

Fig. 1. Diffuse reflection of an ultrasonic pulse from a small blood vessel

T — transmitter, B — receiver, P — ultrasonic probe with a piezoelectric transducer, v — small blood vessel,
¢; — incident wave, g, — reflected wave (diffuse), ST — soft tissue, ry — distance between the piezoelectric
transducer and the blood vessel
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R 5 [ < Fig. 2. A blood vessel (V) with
b \\\"__"/ // incident (g;), reflected (¢,) and penet-
1" rating (g;) waves
r, 0 — cylindrical coordinates

sion (3). Bearing in mind the boundary conditions we obtained from equations
(1)-(3) (for r = a)

o0

Par| o) +2 D (=T (Rea)cos(m0) + > A, HE (ya) cos(m0)

= _Z—.:Zo‘Bme(kba)cos(me); (6)
Par { — by (kya) +-2 Z t=3F, [% I (By8) —Fyd 1 (k,a)]cos(m@)} -

- m
+ Z o [? H®(ka)— 1k, HS, | (kta)] cos (m0)

. Z B, [%3 T (Fey— @) iy T 31 (B a)] cos (m). (7)
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Multiplying the above relations by cos(nb) (n =0,1,2,...) and inte-
grating with respect to 0 from 0 to = we eliminate all the terms for which # S
Only those terms remain, for which # = m. In addition the dependence on the
angle 0 disappears. Thus we can successively determine from each of
relations (6) and (7), the values of the constants 4, and B, for
each m [5].

Introducing into the calculations the values corresponding to the muscle
tissue of the uterus and blood [3], i.e. o/op =1 and ¢, =1.63km/s, ¢, =
= 1.57 km/s we obtain the following values for the constants

Ay =0.0495¢77%, A, =0.0136¢™, 4, = 0.0003¢", 4, — 0. (7Ta)

The constants 4, with higher indices quickly decrease in magnitude
so they can be neglected. In order to determine the reflected wave, the expres-
sion approximating a Hankel function for large values of the parameters
[4] can be used,

H(z) = 2 o~ ila—@m+1)r/a] (8)
m
T—>00 17

Finally, neglecting the time factor, we obtain the acoustic potential of the
reflected wave (2) in the form

e—jk;r

Pr = @ar(Aoe™* + A6 008 0 + 4,655 c05 20 + A6 cos30) l/ e
¢

= puRDe™ ™ (9)

where E denotes the value of the expression in the brackets, and D is the square
root expression in equation (9).

4. The ratio of the power of the signal received to the power of the signal transmitted

The power of the transmitted signal N o ¢an be expressed in terms of the
acoustic potential in the following way

[pl* ? g
N, =8 =8—=2 2 10
T 200 2¢, Pl ;_ (10)

4 — Archives of Acoustics 1/81
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where 8 is the surface area of the piezoelectrie transducer.

A similar expression can be used for the power of the signal received, Ng,
by considering the blood vessel to be in the far field so that the wave falling
onto the plane piezoelectric transducer is approximately a plane wave. Then
the ratio of the power of the received and transmitted waves is, with considera-
tion of (9) and (7a), equal to

NR I(Pr|2
Ny |‘PM|2

=R'D? = 0.051*-0.018%, (11)

Using the above formula for numerical calculations » was replaced by the
distance of the vessel from the transducer r, = 20 cm, and the cosine functions
were approximated-1 in formula (9), since the angle at which the piezoelectric
transducer is “seen” is only 3°. R and D are the losses of the signal occurring
respectively due to the reflection and the divergence of the reflected wave.

Formula (11) is only valid for a plane wave. When the vessel v is small
(Fig. 3) the reflected wave is a eylindrical wave according to expression (9).

’02"52
r's
ds - '/-?;:EF

Fo

Fig. 3. Geometrical relationships in a eylindrical wave reflected from a vessel

P — a plane piezoelectric transducer, » — a blood vessel, rg — the distance from the vessel to the transducer,
a — the radius of the transducer, s — the current coordinate

This wave propagating along the path ¢’ falls onto a planar transducer T' with

a different phase than the wave propagating on the path r,. The phase dif-
ference between the wawves is

Qx5 9 2%
T(?" —1"0) - T(]/sz—i"ﬁ —'To).

As a result of this phenomenon a decrease of the elementary cylindrical
waves reflected from the vessel » and falling onto the piezoelectric transducer T,
occurs. Thus an electric signal, which is proportional to the value of the acoustic



DETECTABILITY OF SMALL BLOOD VESSELS 51

pressure averaged over the whole surface area of the transducer, occurs on the
electrical terminals. From such averaging we obtain a coefficient of proportio-
nality

4 a on o . ;
N = ]/ ; f 6T T ) ga g2y, (11a)
0

T

It is responsible for the lack of parallelism between the equiphasal surface
of the reflected wave and the surface area of the transducer. For the conditions
assumed here with r, = 20 em it takes the value N — 0.92.

Thus finally formula (11) can be expanded by the introduction of the factor
N and represented on a logarithmic seale (with the numerical data, respectively),

N
—Ni = R [dB]+D [dB]+ N [dB] = —29dB —35dB —1dB = 65dB. (12)
T i

5. The electrical parameters of the apparatus

When one assumes U, = 10 uV as a typical voltdge sensitivity of the
ultrasonograph receiver, and the output voltage of the transmitter as U,
=250V, then the ratio of these two voltages is equal to W = U, /U,
=2.5-10" = 148 dB. Considering the losses due to the transducing in the trans-
mission and reception of the electric and ultrasonic pulses (including the dif-
fraction losses) to be equal to T = —15 dB, then the ratio of the amplitude
of the minimum detectable echo to the amplitude of the pulse radiated corres-
ponds toW —T = 133 dB. | ‘

Since in the present case this value is higher them the value of (12) expres-
sed in dB, the blood vessel would be detectable. However, it is necessary to
account for the attenuation of the tissue.

6. Detectability of the vessel

A detailed survey of the literature on the ultrasonic properties of tissues
and organs shows over 140 papers containing data on attenuation [3]. One
should, however, state a general lack of data obtained from measurements
“in vivo”, The present author therefore decided to use the “in vivo” measure-
ments obtained in a typical situation for ultrasonic visualization in obstetries
[1]. Attenuation in the penetrated tissues of the abdomen was found on average
to be 1.8 dB/em at a frequency of 2.5 MHz. In this case the signal loss on the
path of 40 em (from the transducer to the blood vessel and baeck) would be
A = —72 dB.
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Graph 4 (left) shows the levels of the signals, starting from the signal trans-
mitted, to the signal received by the ultrasonic pulse device (echoscope) with
consideration of all potential sources of signal loss. It can be seen that it is
not possible to detect a blood vessel with a radius of 0.1 mm when it is at a dis-
tance r, = 20 em. The signal received has then a level 4 dB lower than the
sensitivity level of the apparatus. However, when one decrease the distance
of the vessel to the value », = 10 cm, the attenuation losses in tissues are only
A = —36 dB, and the losses due to the divergence of the reflected beam would
decrease to a value of D = —32 dB. The losses due to the lack of parallelism
between the surface of the equiphasal reflected wave with respect to the sur-
face area of the transducer would, however, increase to the value of N = —6 dB.
It follows from graph 4 (right) that the blood vessel would be detected, and the
signal would be 30 dB above the noise level.

(250V) dz: 7 7 _.|
—-704’.7E BLN‘A -
nogw—.—,so %ﬂomn_ / 0 b _f ;ifo:;. : 7o _

Fig. 4. The signal losses in the detection of a blood vessel with a radius a = 0.1 mm at dif-
ferent distances r, from the transducer

7' — the electroacoustic transducing losses (of transmission and reeeption together), R — the losses in the reflection

from the blood vessel, D — the losses in the divergence of the reflected wave (diffuse wave), 4 — the losses in

the attenuation of the wave in tissue, N — the losses due to the lack of parallelism between the equiphasal wave

reflected and the surface of the transducer, W — the ratio of the output voltage of the transmitter to the voltage
sensitivity of the receiver

The fact that in reality the tissues penetrated are heterogeneous should,
however, be considered. A number of echos occur due to the scattering of the
ultrasonic wave from small structures, such as musele fibres (diameter
10-150 pm, length 1-20 mm), or other small blood vessels (arterioles and capilla-
ries of a diameter of 8-200 wm). The signal reflected from the single blood vessel
considered may then be undetectable amongst the other signals with a random
spatial distribution and similar amplitude.
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7. Detectability of a plane boundary in soft tissues

Assuming normal incidence for an ultrasonic wave impinging on the plane
boundary between two soft tissues of densities (o) and wave velocities (¢) that
are only 'slightly different from each other so that their characteristic acoustie
impedances are equal to ge¢ and g¢’ = pc-+ Age, one can determine the ratio
of the potential of the reflected wave to the potential of the incident wave
from the formula

R i T

- s 3 13
Par e¢'+oc — 2pc 9

Assuming aceordingly the distance of the boundary of the tissues from the
transducer to be r, = 20 em, and thus the attenuation losses in the tissue
to be A = —72 dB, one can determine the minimum detectable value of the
ratio of the potentials

Vo & (W iy BRI AR, (14)

Py
From a comparison of (13) and (14) we finally obtain a minimum detectable
change in the acoustic impedance of the tissue, i.e. Adge/oe = 1.8:107% Af
a distance r, = 10 cm, however, when the attenuation losses in the tissue are

only A = —36 dB, this quantity is Ape/oe = 2.8-1075,

8. Conclusions

This analysis shows that even very small blood vessels of a radius 0.1 mm give
potentially detectable signals at a frequency of 2.5 MHz. The level of these
signals is close to the noise level of the apparatus and depends critically on the |
distance of the blood vessel from the transducer because of attenuation in
the tissues penetrated.

The present calculations have an approximate character in view of a number
of simplifying assumptions, which were necessary for the analysis to be per-
formed.

Detection of blood vessels of larger radii is not difficult. Fig. 5 shows a longi-
tudinal ultrasonogram of a pregnant woman with a visible placenta including
a number of blood vessels of very small diameters [2]. Fig. 6 shows an ultra-
sonogram of the abdominal aorta with a large aneurism. Both ultrasonograms
were obtained at a frequency of 2.5 MHz.

The detectability of plane boundaries of soft tissues situated perpendi-
cular to the direction of the falling waves is very large. At a distance 20 cm
from the transducer, differences in the acoustic impedances of even 0.2, are
potentially detectable. At shorter distances this detectability rapidly increa-
ses due to the smaller attenuation losses of the wave in the tissues penetrated.
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Tig. 5. A longitudinal ultrasonogram of a pregnant woman
with a visible placenta P, obtained with a Polish USG —

10 apparatus [2]

Fig. 6. An ultrasonogram of the abdominal aorta 4, obtained
with the USG-10 apparatus [2]

AN — aneurism, 2 — 1 em distance markers
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PROPAGATION OF ACOUSTIC WAVE ALONG A HOLLOW CYLINDER IMMERSED
IN A LIQUID

ANNA GRABOWSKA

Institute of Fundamental Technological Research, Polish Academy of Sciences
(00-049 Warszawa, ul. Swigtokrzyska 21)

The problem of the propagation of an nonabsorbed, continuous, pro-
gressive and axially-symmetric acoustic wave along an infinite homogeneous
and isotropic cylinder filled with air and immersed in an ideal liguid has been
considered. The wave equations of displacement potentials have been solved.
The characteristic equation has been derived for the preset boundary conditions
and solved numerically for the selected data characteristic for the conditions
of the biopsy performed in an ultrasonic field. It has been shown that a wave
guided along a needle immersed in a liquid can propagate with the velocity
only slightly smaller than the wave velocity of the surrounding liguid. The
distributions of displacement, stresses and acoustic pressure of the propagating
wave have been determined.

I. Introduction

The problem of the acoustic wave propagation along a hollow cylinder
immersed in a liquid is an attempt to describe the wave phenomena oceurring
in the puncture of organs with a needle, as used in ultrasonic medical diagnosties.

A biological structure to be investigated is localized with an ultrasonic
beam and the needle is subsequently entered into the body toward the biolo-
gical structure through the hole in the piezoelectric transducer. It has been
found that a wave propagates along the needle after it has been entered into
the body. The wave after reaching the end of the needle returns, giving the
image of the needle end on the oscilloscope screen.

The aim of this paper is to describe the phenomena accompanying the pro-
pagation of this wave. In the first approximation the needle was considered
a solid layer [2]. It is now defined as an infinite elastie, isotropic and homo-
geneous hollow cylinder with the Lamé constants A, u and the density ¢ and
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surrounded by an ideal liquid. The external and internal radii of the cylinder
are a and b respectively, and the velocities of longitudinal and transverse waves
in the material are ¢; and ¢, respectively. The liquid density is g, and the longi-

Fig. 1. A sector of circular section of
the hollow eylinder

tudinal wave velocity in the liquid is ¢,. The air ingide the cylinder is regarded
as the vacuum. This paper considers the case when a running, continuous and
axially — symmetric wave propagates along the z-axis which coincides
with the axis of the hollow cylinder.

2. Basic equations

In the cylindrical coordinate system displacements, strains and stresses
are independent of the angle 6 in the case of an axially — symmetric deforma-
tion with respect to the z-axis. The displacements in the hollow cylinder have
the form

ur =ur(rsz? t)’ uﬂ :07 uz :’Mz(?',z, t)- (1)

For harmonic vibrations the solutions of the wave equations (of displa-
cement, potentials):

ok oft’ @& ot (‘)
were assumed in the form [3]: .
D = [A,Jy(kgr)+ A, Yo(kdr)]gimt—ikz, i
T = [BlJO(ktT) +B2 Yu(kt@")]gimt—ﬁcz,
where
; > -
e b =y ¥ (4)

s G:
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o = 2nf, f — frequency, ¥ — propagation constant, 4,, 4,, B,, B, — constants,
J, and Y, are the Bessel and Neuman functions respectively. Displacements
and stresses are expressed in the cylindrical coordinate system as follows:

oy A ob ou, + u, iy o, % ou,
W, = —— — ——— =Al— 4+ — —
BOWE O AT ORI Foor ! &
o pY g dP du,  ou,
Y LS ey I P el T = Bf— .
% 0z s r or’ e = B\ t or 4

For the liquid surrounding the needle we assume the following solution
of the wave equation (of displacement potential)

1 P
e R i
. 0
in the form
. w?
D, = AUHSZ)(ICO,T)‘?W!_MZ: ko = ™ — &, (7
0

where H{? (kor) = J (ko) —iYo(kor). Generally the Hankel function of the
second kind represents a wave travelling in the direction of increasing ». For the
imaginary and negative wave number %, it results from the asymptotic repre-
sentation ' ‘

2 7
(2) St VR =T
HY (ko) ]/kom exp[ e(kor 4)] (8)

that the wave is not radiated but decays exponentially with increasing 7;
thus it is guided along the needle. Our present analysis considers only this
case. The displacements ), uJ and acoustic pressure in liquid are described by
the relations

iD, > o,
o =" o

0
U, = U y
r ar ) z az

(9)

3. Boundary conditions and charakteristic equation

The following boundary conditions should be satistied on the surfaces
of the hollow ecylinder

Y =0l O e O W= u) . clor oy =, i
Tom il v s B, TORY. = 0.

After inserting relations (5) and (9) into (10) the system of five uniform
equations with the unknowns 4,, 4,, B,, B,, A° is obtained
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2ulk
A, (0 020, g~ = (k) | +

2ui kt

2uk
+4, [(wﬂe—zukz)lfu(kda)— = "’—Yl(kda)] +B, [ (k@) — Kyad o (Fya) +

+B, [V, (k) — kyaY o (k)] — o0 A°HD (koa) = 0,

2A1kdik‘uJ1(kda) +2A,kgiku Y, (kya) +By k(K — k) ped , (k@) +
+ Boky pu (K — k) Y, (kya) = 0, (11)
—A kg (hga)—Asky Yy (kga)+B b id (kya) +Byk, ki Y, (k,a) +
+ A ko HP (kya) = 0,
2uk,

AI[(mze-Zﬂkwu(kdb)— Jltrcdb)]+Aa[(w2@—2yk2)yo(k¢b)—

% 2#kd 2M’£kkt

Y:l(kdb)]"Jf'B s “[ 3 (kyb) — T bl o (k)] + B, (Y1 (kb)) —

—kgb'rn(kg =0,
24, kgkind (kyb) +2Ak,kin XY, (kyb) + Bk, (K* — kF) pd 1 (%, b) +
+ Byl (B —k7) ¥, (kyb) = 0

By eliminating the constants 4,, 4,, B;, B, and' A° from the system
of equations (11) one obtains the characteristic equation

I%F =0 (i,j:1,...,5), (12)

where a,; are coefficients of the constants 4,, 4,, B, and A°. The sought pro-
pagation constant k occurs explicitely in (12) and also in kg, k,, &, (4), (7) and
in the arguments of the Bessel and Neuman functions. In general, those complex
values of k can oceur in solutions (12), for which Im (%) defines attenuation of
the wave along the z-axis, while imaginary values of k correspond to the un-
propagating wave modes. Only the real propagation constants &k were consi-
dered in the solution of the characteristic equation, which results from the
assumption made that no attenuation occurs in the solid and the liquid.

The characteristic equation was solved numerically for the following data:
f=3MHz, a =0.75 mm, b =0.5 mm, a steel needle of the density
e =17.7g/cm? ¢; = 5.9 km/s, 6, = 3.23 km/s, 2 = 1.07-10" g/(cms?), u = 8.03-
10" g/(ems?). Water of the density g, = 1 g/em?® was taken as a liquid, and
0o = 1.48 km/s. '

The previous experiments [4] showed that the velocity of this wave is
close to, the wave velocity in the surrounding liquid. Therefore such ¢ was
sougth that ¢ < ¢,, since for ¢ > ¢, the wave would not be guided along the
z-axis (compare (8) and (7)). The velocity of the wave propagating along the
hollow cylinder, ¢ = 1.44 km/s, was obtained. The distributions of displace-
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ments, stresses and acoustic pressure in the needle and the ’ﬁiquid, calculated
from (5) and (9) are shown in Figs. 2 and 3.

Ur, uf P
[relunits]
7 i, air needle wall water
T suru .
|
0 0.5 0.75 10 rimml]
Fig. 2. The distribution of displacement in the needle and the liquid
Ter.Tez,7P air needle wall water
[rel.units]
¢ Trr
&=
L 4
ok -p
T,
rz L i
0 0.5 0.75 10 rlmml

Fig. 3. The distributions of stresses in the needle and water
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4. Conclusions -

It has been shown that a wave can propagate along the needle immersed
in a liquid. The phase velocity ¢ of the progressive wave is then glightly smaller
than the velocity ¢, of the wave propagating in the liquid itself and is 1.44 km /s,
while ¢, = 1.48 km/s.

The depth of the penetration of the wave into the liquid is comparable to
the thickness of the needle wall in the case considered.

The character of the distributions of displacements, stresses and pressure
in the plane case of wave propagation considered in paper [2]for the solid layer —
liguid — air system is close to those for the present case.

References

[1] J. GrYMINSEI, G. LyrPAcEWICZ, Punctures of pleura by means of ultrasonically quided
needles (in Polish), Scientific Congress on Ultrasonography, Warsaw 19 Feb. 1976.

[2] A. GRABOWSKA, Propagation of elastic wave in solid layer — liquid system, Archives
of Acoustics, 4, 1, 57-64 (1979).

[3] M. RepwooDp, Mechanical waveguides, Pergamon Press, Oxford 1960.

[4] L. FiripczY®sK1, Ulirasonic wave propagation along the surface of a rod immersed
in a liguid, Archives of Acoustics, 4, 3, 271-286 (1979).

) Received on December 20, 1979.



ARCHIVES OF ACOUSTICS
6, 1, 63-68 (1981)
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This paper presents calculations of the penetration depth of the electric
field accompanying an acoustic wave for penetration into a semiconductor
layer over the plane of propagation when a de electric field is applied to the
piezoelectric — semiconductor system perpendicular to the propagation direc-
tion of the wave. ;

In a piezoelectric — semiconductor system the wave propagating on the
surface of the piezoelectric, which has two displacement components, causes
longitudinal and transverse components of the electric field to occur in the
piezoelectric element (if the displacement directions coincide with the directions
of the piezoelectric effect). These components also penetrate into the semi-
conductor when there is no mechanical contact between the piezoelectric and
the semiconductor. The penetration depth is essential in the investigation of the
electronic properties of the semiconductor surface using acoustical methods [17].
When the de external electric field applied to the piezoelectric — semiconductor
system has no transverse component (perpendicular to the propagation direc-
tion of the wave), then the penetration depth is of the order of v, for rpk << 1
and &' for r,k > 1 (rp is the Debay screening radius, k is the wave number)
[1-3].

This paper considers the penetration depth of the electric field when the
component of the external electric field is perpendicular to the propagation
direction of the Rayleigh surface acéustic wave.

The electric field caused by the surface acoustic wave propagating on the
piezoelectric surface penetrates into the semiconductor causing the electric
field to occur. The electric field in the semiconductor and the resultant currents
are described by Poisson’s equations, the current equations and the equations
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of the continuity of current

goedp = qn, (1)
J = pg(ny+n)(E+E% +qDVn, (2)
Vi = qn, (3)

where n, is the density of carriers in the conduction band without the acoustic
wave, n is the change in the density of carriers in the conduction band when
the acoustic wave propagates, ¢ is the electric potential in the semiconductor,
J is the current density in the semiconductor, E = E,-F, is the strength
of the electric field in the semiconductor due to the propagation of the wave,
B, = —0p|dx, is the component of the field in the direction of propagation
of the wave, Fy, = — dp/dw; is the component perpendicular to the direction
of propagation of the wave, E° = E|+ Ej is the strength of the external de
electric field, E; is the component along the direction of propagation, &, &,
are the dielectric constants in a vacuum and in the semiconductor respectively,
q is the charge of the carriers, p is the mobility of the carriers, D is the diffusion
coefficient, and K3 is the component perpendicular to the direction of propa-
gation. :

From equations (1)-(3) and considering that #» changes in the following way

e li(kx)— ot)— ka:caj, 3 (4)

where @, is the direction of propagation of wave, x, is the direction perpendi-
cular to the direction of propagation of the wave, w is the angular frequency
of the wave, & is the wave number, a is the coefficient of the depth of penetra-
tion into the semiconductor, the following equation for a can be obtained

EE! o i F Sy
. Sia-(w—z—z)w—”zo, (@)
) rok )

a?4
' o
where w;, = *[k*D is the diffusion frequency, w, = o,/epe = puqn,je,e is con-
duction relaxation frequency, rpk = yp2jw,w,s and y = 1+ pkBj/o is the
drift parameter. '

It follows from equation (5) that

a= a,+ia, (6)
is a complex number. Accordingly equation (5) can take the form
af—aﬁ:l: 7(11—(1’{"@ ‘——0, (731)
kES
2ayay+ . 3&:1—{—?& =) (Th)
w w

The real part of the penetration coefficient a, plays an important role in the
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depth of penetration of the field. Solving equation (7a) and neglecting a, (i.e.
without considering the oscillatory character of the decay of the field) one

obtains
kE! kE} op\: 1y
il 3&_'_]/!’_‘;__3_3) _;_4(1_4__2_5)
0 0 o rpk
- 2

o =

The variation of the value of a, as a function of r,k for different Ej for
y = 0 and, as a result, for a, = 0 is shown in Fig. 1.

N

(a;lh

£5-2 5 /285 2 .

Wp

E;=0 A

CJy w
&) i

ES=24 (5"3
1 | 1 .
0 1 2 3 Lrpkl

Fig. 1. The variation in the value of the coefficient of the depth of penetration as a function
of the Debay screening radius rpk for different values of the de external transverse field

Curve A shows the variation in the penetration coefficient as a funection
of rpk for E§ = 0. It can be seen that the penetration coefficient is in this
case always larger than unity (for r,k <1, ay ~1[rpk, ie. the penetration
depth is of the order of r,; for r,k > 1, a; ~1, the penetration depth is of
the order of k~!) as was mentioned above.

The area above curve A represents the values of e, as a function of r,k
for different values of a transverse field which brings the charge carriers to the
surface on which the wave propagates, while the area below curve A4 is appro-
priate when the field is in the opposite direction.

It can be seen from Fig. 1 that the penetration coefficient for a field which
brings the charge carriers to the surface on which the wave is propagating,
is always larger than unity, while for a field in the opposite direction it can be

3 — Archives of Acoustics 1/81
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larger or smaller than unity, e.g. for v,k > 1 it is practically always smaller

than unity.
The approximate value of a, in the individual areas is, according to (8),

v (/7] w, w
1 — above curve B: |Ej > 2—]/(m +—0—)—, v is the velocity
'u CUD w wD
kE?
SO B e e directly pro-
w (7)]

of propagation of the surface wave, a; =

portional to E%;
2 — between curves A and B

v [ @ w w
0<[Eg|<2l/— —_— t+—]—,
M D

o
@ o [ op

kB! o 1 0§ o
”i411+21/1+ i
0 o ok’ 4V141/% K

a, ~ s ;

2

( ukB3 wp )2

3"'— between curves 4 and €

: v R R
o< BY< 2~/ [ + 22—,
M Wy w /| ®Wp

(MkEgam)
K%E_ﬂ; e +2 ]/1 o 21 o5 - s
® o ok’ 4V14+1/R K

a; =~ y

2

4 — below curve C

1+1/rpk
v w @, @ D

|Eg|>_-l/(_+__2)__, a, ET,
I Wy, o | o, Hiidly @

w w

i.e. a, is inversely proportional to Ej.
Solving (1) with consideration of (4) leads to

@ = (Cle—kma + Ozeﬂakma)ei(kml—mt), (9)

where C,, C, are constants which can be determined from the boundary condi-
tions. Thus the value of the penetration coefficient has a strong influence on the
value and distribution of the potential within the semiconductor. The value
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of the potential in turn effects the variation in the propagation velocity and the
attenuation coefficient of the surface acoustic wave in a piezoelectric-semicon-
ductor system [4].

If

(1) a; <1, then the second term in expression (9) is considerably less
significant than the first and therefore

@ ~ g~ ku3gilka—at)
(2) @, > 1, in this case the greater influence on the value of ¢ in equation
(9) is exerted by the second term, i.e.

@ ~ 6% gillry—ol)

It can be seen directly from Fig. 1 that second case does not occur at all
if an external transverse electric field is not applied.

The calculations performed lead to the conclusion that an external, de
electric field perpendicular to the direction of propagation of a surface acoustic
wave in a piezoelectric — semiconductor system causes a change in the depth
of the penetration into the semiconductor of the electric field induced by the
propagation of the wave. The depth of penetration can be greater or smaller
than in the case when no external, transverse field occurs depending on the
direction of the applied field. The depth can also be affected by illumination
in the case of photosensitive semiconductors; only however in the sense of in-
creasing the value of the penetration coefficient (decreasing the penetration
depth). ;s
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The results of the shear mechanieal impedance measurements are pre-
sented for solutions of FeCl; in glycerol at frequencies 30 and 500 MHz and
over a temperature range from 218-303 K. These results complemented the
previous investigations [4] performed at a frequency of 0.5 MHz. A distinct ef-
fect of FeCl; on the range of the viscoelastic relaxation of glycerol and on its mo-
lecular structure was found.

1. Introduction

An inecreasing interest in the rheological properties of liquid has been
observed in the recent years, since it is expected that they are essential in the
investigations of the liquid state and the principle of intermolecular forces.

In the case of solutions it can be expcécted that their response to shear
stress, particularly over the range of viscoelastic relaxation can reflect the
effect of the solute on the structure of the solvent and the molecular rearrange-
ment. In terms of knowledge it is most interesting to note the case when an
electrolyte is the solute and alcohol is the solvent, since alcohol can form with
electrolyte ions not only specific solvate complexes, but also more developed
and arranged molecular regions (clusters).

The above investigations were initiated with the measurements of the shear
impedance in solutions of electrolytes in glycerol taken at a frequency of 0.5 MHz
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[4]. The present paper complements the results of measurements in solutions
of FeCl; in glycerol with the investigation of the shear impedance performed
at frequencies 30 and 500 MHz over a temperature range from 218 to 303 K.
The results of this investigation made it possible to determine the curve of the
viscoelastic relaxation at high frequencies. It was found to be in good agreement
with the theoretical conclusions in [4].

2. Experimental part

2.1 Preparation of samples

Anhydrous ferric chloride (manufactured by British Drug Houses, cz.d.a.)
with a content of up to 29 of ferrous chloride and glycerol (manufactured by
POCh, Gliwice, b.f.) dehydrated by boiling under decreased pressure
were used in the investigations. The water content in the glycerol determined by
the Fischer method was 0.3 %. The solutions of FeCl, were obtained by solving
a specific amount of ferric chloride in glycerol and its concentration was
determined by weight [1]. The calculated values of the concentration are given
in Table 1.

Table 1. Temperature dependence of the density and viscosity of glycerol with

FeCly
Conecentration
of Fe(l, in Density Viscosity
moles in 1 kg? [kgm—3] [Nsm~—2]
of glycerol
0 1.43605 x 10%-6.012 x 10-1T | —3.6344-9.3008 x 10773
0.06715 1.4284 x10%-5.460 x10~17T | —3.4155-9.2425 x 10773
0.1069 1.4404 x103-5.702 x 10717 —3.3328-9.1404 x 10773
0.1693 1.4438 x103-.5.614 x10~1T —3.2573-9.1768 x 10773
0.3058 1.4707 x103-5.9190 x 10—17 —3.3343-9.9207 x 10773
0.4015 1.4904 x10%-6.1571 x10—1T —3.6218-1.1342 x 10873

2.2. The measurements of density and viscosity

The density of the solutions was determined using a specific gravity bottle
in a temperature range from 323 to 243 K with a precision of -+0.05 K. For
lower temperatures the density was extrapolated from the linear equation
0 = A+ BT, where A and B are constants and T is the temperature. i

- The static viscosity y was determined using a Hépler viscometer and capil-
lary viscometers over a temperature range from 323 to 253 K. For lower tempe-
ratures the values of the density were extrapolated using the equation proposed
by MEISNER [2] logyn = ¢+ D/T®, where ¢ and D are constants.
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The measured values of the viscosity and density of the solutions investi-

gated are given in Table 1.

2.3. The measurements of the shear impedance

The measurements of the shear impedance of the solutions investigated
and of its variation over the temperature range from 218-303 K at a frequency
of 500 MHz were taken using a measuring system prepared at the Department
of Physical Acoustics, Institute of Fundamental Research, Polish Academy
of Sciences [3]. The measured values of the shear resistance are shown in Table 2.

Table 2. The real component of the shear impedance of solutions of FeCl; in glycerol at a fre-
quency f = 500 MHz (in [Nsm]3x10-5)

Tempe- Glyce- Glycerol — Glycerol — Glycerol — | Glycerol — | Glycerol —
rature B — FeCly — FeCly — FeClq — FeCl, — FeCly
[K] m = 0.4015 | m = 0.3058 | m = 0.1693 | m = 0.1069 | m = 0.06715
218.15 22.2 22.65 22.55 22.35 22.3 22.25
223.15 21.8 22.3 22,15 22.05 22,0 21.95
228.15 | 21.4 21.95 21.85 21.75 21.65 21.65
233.156 21.0 21.65 21.456 21.4 21.36 21.3
238.15 20.6 21.056 20.75 20.7 20.7 20.7
243.156 20.2 20.4 20.0 19.7 19.9 20.0
248.15 19.8 19.2 18.9 19.2 19.3
253:15 19.4 19.1 18.56 i7.8 18.3 18.25
263.156 17.85 17.6 16.9 16.6 16.3 16.3
273.156 15.4 15.8 15.0 v 146 14.3 14.2
283.15 12.9 14.0 12.95 12.3 12.2 12.0
293.15 10.056 12.1 w11 10.5 10.3 10.0
303.15 7.85 10.1 9.36 8.85 8.68 7.85

3. The presentation of results

The literature proposes presentation of the measurement results of the
viscoelastic relaxation range based on the Maxwell model or on the B—E—L

model,

3.1. Presentation based on the Maxwell model

Assuming a continuous Gaussian distribution of relaxation times the be-
haviour of standardized values of the shear impedance can be determined from
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the formulae
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R and X are the components of the shear impedance (shear mechanical resistance
and reactance), p is the density of the medium, ¢_ — is the limiting shear
modulus of the liquid, » is the angular frequency. g, represents the distri-
bution of relaxation times, g.,dx represents the part of the distribution of
relaxation times over the range between # and  + dz for the following parame-
ters of the distribution width for b: b = 0.4 for glycerol and b = from 0.33 to
0.3 for solutions of FeCl, in glycerol [4].

3.2. l"r“enullon based on the B —FE-—I model

The B — K — L model consists of two parallel acoustic impedances for the
solid Zg and for the Newtonian liquid Zy
' AR 1)
ottty

By transforming (4) one can derive the formula for the shear compliance
J* as a function of the characteristic constants of the medium investigated

I sglonk Jsnigsis 3 5
=—+.—+2k(. ) (5)
JonG,

The components of the acoustic shear impedance of the liquid, R and X,
determined from formula (5) are :

R (0/26,)"[1+(209/G,)"] (©)
(0G s s s bl +_(wn/26m)”2]2+wn/26m
X (o [2G,)""

-,(QGm)”ﬂ T [1+(w??/29m)m]2+wn/26‘;' (7)
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Formula (5) sufficiently well describes the results of the measurements
taken of simple liquids for & = 1 and g = 1/2. In the case of complex liquids
or their mixtures this formula is modified by the coefficients k and f .which
fit the curves to the measurement results [4]. Using formula (5) and the coef-
ficients & = 1.56, § — 0.4 the effect of electrolytes on the viscoelastic relaxation
curves of glycerol (Fig. 6) was described.

4. Discussion of the results and conclusions

¥ The measurement results are shown in Figs. 1-5. They show that FeCl,

widens distinetly the range of the viscoelastic relaxation time of glycerol.
The changes observed in the distribution of the relaxation times induced by the
presence of electrolyte reflect its effect on the cooperativeness of molecular
rearrangements in the solvent [6]. Investigations of the structural and visco-
elastic relaxation in associated liquids (polyhydroxide alcohols, hexachlorodi-
phenyl) [2, 6, 7], showed that an explanation of the changes in molecular mo-
duli (i.e. bulk modulus and shear modulus) requires a wide spectrum of relaxa-
tion times to be assumed.

The width of the range of the viscoelastic relaxation of solutions of FeCl,
in glycerol increases with increasing concentration of electrolyte (Fig. 6). This
did not oecur in other solutions [6]. It seems probable that a wider spectrum
of the viscoelastic relaxation times is in the case of solutions of FeCl, in glycerol
connected with formation of stable solvate complexes involving orbitals 3d
of the ion Fe'? ‘

R,/VpGah
XL/VPGG:
10 glycerol — FeCl3 . ® o0 ¢ o
& ®
(m=0.0672) 2 L
0.8 - ©
o
o
0.6 - & 00 0.52MHz
© 5
& © 299MHz
04 - ®
.?" e 500 MHz
Ué e o o © @
0 00010 9% | | | I p vodorirorag it
-4 &3 crats@ o 0 1 2 3 4 log(wT)

Fig. 1. Measured values of the component of the shear impedance as a function of frequency
for the glycerol — FeCl, solutions with concentrations given in the figures
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Fig. 2. Measured values of the component of the shear impedance as a funetion of frequency
for the glycerol — FeCl; solutions with concentrations given in the figures
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Fig. 3. Measured values of the component of the shear impedance as a function of frequency
for the glycerol — FeCl, solutions with concentrations given in the figures

The equilibrium states between different ferric chloride complexes (III)
probably account for the concentration dependence of the width of the spectrum
of relaxation times (the dielectric constant of glycerol is about 40) and also
for a certain asymmetry of the distribution of the times. Due to this asymmetry
the Maxwell model with its symmetric gaussian function of the time distribu-
tion describes insufficiently the behaviour of the reduced relaxation curves,
particularly in the lower temperature region (higher frequencies). Therefore
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Fig. 4. Measured values of the component of the shear impedance as a function of frequency
for the glycerol — FeCl; solutions with concentrations given in the figures
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Fig. 5. Measured values of the component of the shear impedance as a function of frequency
for the glycerol — FeCl; solutions with concentrations given in the figures

the B— E — L model of over-cooled liquids was used to describe the relaxation
curves of solutions of FeCl; in glycerol.

Me Durrie and Lrtovitz (8, 9], explained why a wide spectrum of relaxa-
tion times occurs in the associated overcooled systems instead of a single relaxa-
tion frequency and also how this wide spectrum is related to the increasing tempe-
rature. They found that at temperatures of up to about 100 K above the glassy
state temperature over-cooled liquids show a temperature dependence that
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Fig. 6. The presentation of the measurement results using the B— E — L model, showing
the effect of FeCl; on the range of viscoelastic relaxation in glycerol

totally contradicts the Eyring theory that viscous flow consists in a change
of position between a molecule and the neighbouring void. The fluidity is thus
proportional to the probability of a molecule being in the vicinity of a void
and the velocity at which the molecule can reach it. Therefore the fluidity is
proportional to exp(— E/RT) where H is the activation energy of viscous flow.
This theory neglects other molecules involved in this process, since calculation
of the probability of attaining the energy required for reaching the new position
congiders only a single molecule.

The model of McDuffie and Litovitz is ba.sed on the following assump-
tions:

1. In liquid there are small arranged regions which disintegrate and rein-
tegrate continually. (This is confirmed by investigations of diffraction of X-rays
and neutrons.)

2. The disintegration of such a structure is coopera.tlve in character, i.e.
when a molecule changes its position, other molecules “cooperate” with it in
order to provide the necessary space. Thus the degree of arrangement changes
nonexponentially as a function of time.

3. This cooperative nonexponential behaviour is the cause of the distri-
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bution of the mechanical relaxation times observed, i.e. bulk relaxation and
viscous relaxation. 7

The distribution of relaxation times according to the mechanism proposed
here can be regarded as a measure of molecular order in liquid, while the width
of the distribution of relaxation times should increase with the development
of clusters: This explains the widening distribution of relaxation times in the
hexachlorodiphenyl with decreasing temperature [7].

Therefore, introduction of metal salts into glycerol, which changes the
degree of molecular arrangement, should be reflected in the distribution of
relaxation times. This is confirmed by the results presented in the present
paper. The polarizing effect of the ions of Fe™® and C1~ undoubtedly strengthens
the hydrogen bonds between glycerol molecules in the near and far solvation
regions. This leads to a formation of larger and more stable arranged regions,
compared to those in pure glycerol, in the vicinity of these ions. On the one
hand this causes a considerable increase in the times of viscoelastic relaxation
and on the other hand a considerable widening of the distribution of these times -
as a result of increasing cooperativeness of molecular groups. It can be stated,
therefore, in terms usually used for aqueous electrolyte solutions, that FeCl,
strengthens the structure of glycerol.
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The synthesizer described generates signals with a duration of the pitch
period, which follow the waveform of the respective segments of a natural speech
signal. Parameters of each segment are determined on the basis of digital data
using a computer. Some of these data are used to generate the constituents
of a signal in digital to analogue convertors and some to shape the waveform
obtained. The paper also gives the range of the available parameters of the
sounds generated and also some examples of programmes.

1. Introduction

The main purpose of the construction of the synthesizer was to obtain
a system, which would make it possible to shape a wide range of synthetic
speech signals, so that while using it the analytical results, which define phoneti-
cally and acoustically the identifiable properties of speech sounds, could be
verified. The principle on which it was based was that of a representation of the
elementary waveform of a natural speech signal, without reference to the voeal
tract transmission.

The parameters of the waveform generated by the synthesizer are determi-
ned by digital data from a computer. These data serve to generate a signal
in the time domain corresponding to the pitech period.

From the technical point of view the synthesizer system is a specialized
output computer device.

2. The performance of the synthesizer and its design

The synthesizer system consists of two independent tracts: one to generate
sounds of harmonic (formant) structure, the other to generate signals with the
character of noise. To generate the signal of the formant structure, four inde-
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pendent systems of sound generation corresponding to the successive formants:
F1, F2, F3, F4, which were later summed, were used.

2.1. The principle of formant signal generation

The generation of the formant signal with a waveform defined by the digital
input data occurs in a digital to analogue converter system of a special type -
in which, in addition to the generation of a sinusoidal signal, it is modulated
in amplitude at the same time, according to the analogue signal supplied by
the envelope shaping system. This system is also a form of a digital to analogue
converter. In both digital to analogue converters the signal generation consists
in decoding the counter, to which the signal from the pulse generator is supplied.
Subsequently each decoded value (in the range of 0 to 15) is reduced to a rele-
vant analogue value for which, when the waveform corresponding to a specific
formant is generated, the series of analogue values forms a sinusoidal variation,
and for which, when the envelope signal is generated, it can have an essen-
tially arbitrary shape, defined by the system. Fig. 1 shows schematically the
relationships between the input signals and the resultant formant signal.

2,2. Generation of signals with the character of noise

The generator of white noise, whose signal is controlled simultaneously
by 12 selective amplifiers, is used to generate a signal with a predetermined

InnannnnannNNANANNONAnnAN .
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Fig. 1. An example of forming a formant signal: a) a signal from a pulse generator; b) an
envelope shaping signal; ¢) a signal from a pulse generator F,; d) a formant signal
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spectral characteristic. The amplifiers are controlled by a digital signal, and the
output signal is the sum of the outputs of the amplifiers.

2.3. The performance of the synthesizer and its block diagram

A block diagram of the synthesizer is shown in Fig. 2. The main units of the
system are the following: a control unit, 8 input registers, 8 operative registers,

hite noise :lsef of selecti
wg:merator cmpliers modulator
| IR
computer L — —» control unit f-—GﬁTOfFZ of F2 of F2
o g e
| | gener- generator attenuator !
L ;"%OIFI of F1 [~ ofF1 || |odder wt
input
regsters | | et "
T pulse gener attenuator |_| output
l i" —aforc;fmf-";? geof F3 [ ofF3
mervt{;v; ] e }
. | pulse
gener-| generator attenuator | | output
[™-ator of F& of F4 [ | of Fé amplifier
e i CONEIO( | L
—— signal |
o 270 |
o
-atorof FO generator of
L g envelope shap—!
_____ | -ing signal |

Fig. 2. A block diagram of the synthesizer system

a white noise generator, a pulse generator in the pitch circuit, a digital to analo-
gue converter system for envelope shaping, 4 pulse generators in the formant
circuits, 4 digital to analogue converters for modulating the formant circuits,
12 selective amplifiers, a modulator in the noise circuit, 4 attenuators of the
formant signals, an adder, an output attenuator, an output amplifier.

The synthesizer functions in the following way: a series of 8 commands
of 8 bits, defining the parameters of the signal, is sent from the computer. The
end of each segment (period) is followed by a transeription of the contents
of the input registers to the operative registers whose state defines the parameters
of the signal for the ongoing segment whose duration is determined by 16 pulses
from the F, pulse generator. In the case of the generation of sounds with
a harmonic structure, the signals, each of which has an independent frequency,
level and envelope shape, are generated by formant generators. The formant
signals are amplitude modulated in the digitally controlled attenuators, and
subsequently added in the adder system./The output signal is attenuated in the

6 — Archives of Acoustics 1/81
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output attenuator, which is also digitally controlled. This attenuator can be
used to shape the envelopes of the segments which have a duration longer than
the pitch period. An amplifier was used at the output of the system in order
to achieve an output signal level of the order of a fraction of a volt.

A modulator, which is controlled from the envelope shaping system with
a signal of the fundamental frequency is included in the noise tract. Without
the modulating signal the signal from the outputs of the selective amplifiers
does not change at the output of the modulator. The shaped noise signal is
supplied to the input of the attenuator of the second formant and its sub-
sequent processing is the same as for the sounds of harmonie structure, as deseri-
bed above. The choice of the formant or noise tract can be achieved by blocking
the other tract since it is not possible to use both tracts simultaneously.

3. The parameters of the synthesizer

The limiting values of the parameters to be obtained in the synthesizer
are given below:
— the fundamental frequency 84-320 Hz,
or, after switching, 166-490 Hz,
— the frequency of the 1st formant 210-1080 Hz,
— the frequency of the 2nd formant 390-2200 Hz,
— the frequency of the 3rd formant 1620-3300 Hz,
— the frequency of the 4th formant 1900-4000 Hz,
— the attenuation range of signals of the 1st and 2nd formants 0- —36 dB,
— the attenuation range of signals of the 3rd and 4th formants 0-—26 dB,
— the attenuation range of the output signal 0- —23 dB,
— the number of the envelope shapes available without switching 7,
— the available levels at the outputs of the selective amplifiers 0, —8, —16 dB,
no signal, ¢
— the frequency range transmitted by the selective amplification unit 1-5 kHz,
— the relative width of the selective amplification bandwidth about 0.14.
The synthesizer was built on 4 boards of 300 x300 dimensions and TTL
technique was used in the digital systems.

4. Controlling the performance of the synthesizer

The performance of the synthesizer depends on the computer programme
which defines parameters for each segment of period 7,. In order to define the
parameters of the signal the following should be given

— the mode of structure: harmonic-noise,
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— the fundamental frequency F,,.

— the frequencies of the four formants,

— the level of the four formants,

— the shape of the envelope of the waveform of the formant within the
piteh period,

— the attenuation level of the resultant signal.

When data is introduced into the memory of a computer it has the form
of three numerical values and is presented in a coded form.

In the use of the synthesizer two kinds of controlling programmes have
been so far used. In the first kind the parameters of all the programmed segments
(periods) of the statement prepared have to be defined. Some simplification
of the relatively difficult procedure is programming-aided and concerns the control
of the formal side of the introduction of data. As an examplesa fragment of the
data input is given below; signs in bold type are introduced by the operator,
while the others are printed by the auxiliary programme.

Number of periods = 050

F,: 1 to 20 = 015, 21 to 35 = 017, 35 to 50 = 016

F,: 1 to 50 = 020

A,z ete.

The second kind of programme assumes a preliminary introduction of the
data determining the parameters of each sound into the memory of the computer.
The programming of the statement proceeds as below:

— the writing of the text (segments corresponding to sounds are subordi-
nated to individual signs),

— the introduction of data defining the duration of each segment,

— the introduction of data defining tle intonation curve,

— the definition the value of the fundamental frequency.

The introduction of the data is also assisted by the programme; the dura-
tion of the sound segments is given in a coded form as a single digit number
each time after the given sign has been printed by the programme. The into-
nation is defined on the basis of the data introduced as a number
of musical half-tones preceded by a sign (+ or —), or possibly 0 after a bracket
printed after the sign of the segment and the number of periods (16 ms) defining
the duration of the segment. The closing bracket is interpreted by the
programme as a lack of change until the end of a given segment.

An example of programming: signs in bold type are introduced by the

operator . B
janek text
i3a7n5ed 4 k3 duration

§06( +1+2)a12(+1-+1)n05()e06 ( —200 —2)04() k03() intonation
sf0 = 0.14.



84 R. PATRYN

In view of the limited range of the use of the synthesizer to date it has not

been necessary to use other controlling programmes which are easier to use if
a more detailed definition of data is required than in the example presented
*above. The possibility of influencing the applying of a signal generated for
short time intervals is considered by the users of the synthesizer as a characte-
ristic meeting the initial assumptions and a useful application of the synthe-
sizer.

Received on January 29, 1980.



1ST SPRING SCHOOL OF ACOUSTO-OPTICS AND ITS APPLICATIONS
Gdansk-Wiezyca 26-30 May 1980

The School was organized by the Institute of Physics of the University of Gdansk
and the Sections of Quantum and Molecular Acoustics and Sonochemistry of Polish Acousti-
cal Society and supported by the Institute of Fundamental Technological Research of the
Polish Academy of Sciences. The Honorary Committee consisted of Prof. Dr. Ignacy Ma-
LECKI, Prof. Dr. Halina RyrrerT, Prof. Dr. Janusz Sokorowskl. The Organizing Committee
consisted of Prof. Dr. Antoni Sriwifskr, Prof. Dr. Aleksander OpiLski, Prof, Dr. Jerzy.
RanacHowski, Dr. Anna Markigwicz and Maria Borysewicz, M. Sc., Dr. Iwona Wou-
CIECHOWSKA, Dr. Marck Kosmar, Dr. Piotr Kwiek and Dr. Bogumit LiNDE. p

The School had an international character both in terms of experts invited (9 from
abroad and 7 from Poland) and participants (5 from abroad and 51 from Poland). 72 scientists
took part in the school. In addition to 22 lectures there were also 15 poster form presenta-
tions.

The aim of the School was to survey the developments and enlighten the participants
in the field of the physical problems of interaction between light and sound (mainly over
the ultra- and hypersonic ranges) in liquids and solids. The acousto-optic phenomena have
been known to physicists for several scores of years but it is in the recent decade that this
field has seen veritable development. A good many original applications in the acousto-optic
processors have appeared, e.g. ultrasonic deflectors of light beams, modulators, filters and
g0 on, which are used in the integrated opties,ultrasonic visualization (also holography), signal
analysis, spectroscopy ete. ‘

The yearly developments in acoustooptics indicate that this is an integral and pro-
mising field, which made the idea of an international meeting of experts i.e. the School,
which would have a workshop character, so much worthwhile.

The School appeared to be very useful both to the mind of the participants and orga-
nizers, therefore they welcomed the idea of such Schools every second year. :

The School consisted of :

General papers .

. BREAZEALE, Bragg imaging of finite amplitude ultrasonic waves.

. MErTENS, Some recent developments in the theory of diffraction of light by an ultrasonic
wave: 1. The wave equation — ils establishment — ils aprowimation. 2. Methods of solution.
3. Diffraction of laser light by ultrasonics.

R. SrepHENS, The pholoacoustic effect.

A. ZareMmBowiTcH, Bragg diffraction of light by ullrasenic waves, a specific tool for solid

state investigations.

& b
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K. Ziextuk, J. LITNIEWSKI, On the influence of coherence and wave-length on ultrasonic
images.

C. SoMER, Application of an acousto-optic device in an optical deconvolver Jor blurred ultra-
sound — diagnostic images.

. OPILSKI, Acousto-optical methods of solid slate investigationis.

Kreszczewskl, Nonlinear acousto-optic interaction.

. BZUSTAKOWSKI, Acousto-optical devices of signal processing.
- Rersorp, Double exposure holography: its application to intensity measurements of arbi-

trarily shaped wltrasonic fields.

. BZUSTAKOWSKI, Acousto-optic devices for laser beam control.

Maveckr, J. Ranacmowski, Propagation of ullrasonic waves in nonhomogeneous media
as in piezoelectric ceramics used in acousto-oplics.

. SLiwiXski, Recent resulis on the experimental verification of the Leroy’s theory of diffraction

of light by two adjacent wlirasonic beams.

. SLiwikskl, Optical holography and acousto-opties.

GaBriELLI, Spatial and temporal light moedulation by ultrasound: theory and experiments.

. ArLreri, SAW — acousto-optics.
. PATEWSKI, Piesoeleciric and elasto-optic properties of crystals.
. DEFEBVRE, Theoretical and experimental study of SAW propagation wvelocity in layered

media.
Pivoxow, Intercellular information and ultrasonics.

- WarMouGH, An investigation by telemicroscopy and electron microscopy of the biological

effects of ulirasound with a view to damaging malignant tumours.

Poster form papers

. J. HeN, The importance of the threshold contrast for acoustical imaging.

Kwiek, A. MARKIEWICZ, A. SLIWINSKI, An optical holography with a reference beam of the
cosinusoidally modulated amplitude used for investigation of wltrasonic fields.
Wouciecnowska, Application of optical holography to determination of amplitude disiri-
bution throughout ultrasonic transducers.

Kwiek, A. Markiewicz, A. Suiwikski, Experimental verification of light diffraction by
two ulirasonic beams.

. Kosmow, Diffraction of high intensity laser beam by ultrasonie wave.

Berpowskl, Diffraction of laser light by SAW.

. Swierrickl, Caleulations of acousto-optic interactions in the LiNbO, planar diffusion

wavequide.

. KusEg, Acoustical signals recordered under strain.

Havprmaxy, R. Saveeruich, 8. WARTEWIG, Acoustic relawalion spectroscopy on poly-
mer solutions.
In addition to numerous discussions accompanying all the lectures and poster form

sessions there also was a separate round table discussion, which showed a considerable topi-
cality of the issues presented at the meeting and also mapped out the prospective directions
of acoustooptic research, including the acousto-optie interaction in solids, Bragg’s diffrac-
tion, light diffraction by two ultrasonic beams, applications of optic holography in ultra-
sonic visualization, application of acoustooptic processors in telecommunication signal
processing ete. "

The proceedings of the S8chool were published by the end of 1980,

Antoni Sliwirnski (Gdaisk)



