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Abstract - The historic acoustic-phonetic collection (HAPS) 
of the Dresden University of Technology [471 preserves historic 
material from more than 100 years of experimental phonetics in 
Germany and more than 50 years of speech technology in 
Dresden. The latter begun with the development of a channel 
vocoder in the 1950-th which was the starting point for 
continuous investigations in speech analysis and synthesis. More 
general, the development of early vocoders had a large impact on 
speech research in other places also, starting with Dudley's 
vocoder in the 1930-th. Therefore, this paper will give a survey of 
the development of early vocoders including some examples for 
the impacts which they had. Although this study cannot be 
complete, it gives an impression of path breaking work. 

Index Terms - Communication systems, history, music, speech 
coding, speech synthesis, vocoders. 

I. INTRODUCTION 

A. The Origin of the Vocoder 

The development of radio engineering and communication 
technology in the 20th century posed a number of new 
questions about the physical nature of the speech signal. 
Speech, hitherto a topic investigated by phoneticians and 
linguists, started to be a research object of engineers and 
physicists. They investigated numerous psychoacoustic effects 
along with the spectral structure of speech. The textbook 
Speech and Hearing from 1929 [1] by the physician Harvey 
Fletcher (1884-1981) is a milestone in this development. 

The speech signal was recognized to need a bandwidth of 
approx. 3.000 Hz for a sufficient transmission quality, and the 
frequency range from 300 to 3.400 Hz was standardized as the 
telephone bandwidth. This bandwidth was too large for a 
number of technical systems especially in the field of cable 
transmission. Thus, different ideas arose to utilize the physical 
properties of the speech signal for a less redundant 
representation by suited parameters which, in tum, require less 
transmission capacity. This idea is characterized by the 
scheme of Figure 1 and is known as voice coding. Homer 
Dudley (1896-1980) coined the term vocoder for the 
combination of transmitter and receiver in Figure 1. He 
developed the first vocoder where the parameterization of the 
speech signal was performed by measuring the signal power in 
a number of adjacent frequency bands (channels). The 
information whether the signal was voiced or unvoiced and, if 
voiced, the fundamental frequency (for the prosody or "speech 
melody") must be transferred as additional parameters. 
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Fig. 1. Basic principle of a vocoder-Iike system for speech com-
pression and transmission. 

This principle of the so-called channel vocoder (which will 
be illustrated below in Figure 3) was supplemented later on by 
approaches which used different methods of parameterization 
(cf. [2] and especially Table 4.2 in [4, p. 74]). Therefore, the 
later literature offers terms like formant vocoder, correlation 

vocoder, LPC vocoder and some other. 

B. Aim and Restrictions of this Paper 

This paper is a historic one. The vocoder, however, is not at 
all history. Its principle began to play an important role with 
the availability of semiconductor circuits and, later, digital 
signal processing. This role is still ongoing in speech techno
logy, communication engineering, and electronic music. 
Therefore we restrict ourselves to the time before the 
beginning of that era, when the experimental vocoder 
prototypes were still large and complicated analog devices. 

The channel vocoder, which was developed in the 1930-th 
by H. Dudley at the Bell Labs, is the famous and pioneering 
prototype. It is less known that there were similar patents and 
publications in Germany at the same time [18, 19, 23], 
followed by a number of vocoder developments in Europe. 
This paper is concentrating especially on the history of two 
vocoders in the former two parts of Germany. The older one 
was a development of Siemens, and a revised version of it is 
now exhibited in the Deutsches Museum Munich. The other 
was constructed at the Dresden University of Technology in 
the 1950-th. There are no more physical remnants of the 
Dresden vocoder, but we have a good documentation as well 
as a number of sound recordings in the historic acoustic
phonetic collection (HAPS) of the TU Dresden. 

Other vocoder developments in Europe (including the 
former Soviet Union [17]) will not be considered here, except 
from the two cases (UK and Ericsson) which have influenced 
the development in Germany. It is interesting to study the 



influence of the vocoders on the development of 
telecommunications and related disciplines. Clearly, a real 
application in telecommunications was not very useful before 
digital signal processing became applicable. There were, 
however, large impacts of the early vocoders on the 
development of speech technology and related fields. They 
were basing on the fact that the analyzing and synthesizing 
subsystems of the vocoders could be used as experimental 
devices in basic research. 

II. THE FAMOUS BELL VOCODER 

The development at Bell Labs is well known [5, 6] and wi11 
be summarized very shortly here. According to [2, 3], H. 
Dudley sketched the idea to transfer speech by means of the 
spectral information in his laboratory-notebook in October, 
1928. The motivation came from the installation of a new 
transatlantic telegraph cable with a bandwidth of 100 Hz 
which was much for that time but too low to transfer 
unprocessed speech. 

The development of the device is documented in several 
patents and papers. A first demonstration took place in 1936. 
The original patent [7] from 1937 (applied 1936) describes the 
idea in detail. The term vocoder appears firstly in the 
publications of the years 1939/40 [9-12]. The receiver part 
served as the base of a manually controlled speech synthesis 
system, the voder [13] which means voice demonstrator .
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system was one of the main attractions of the World Fairs m 
New York and San Francisco 1939/40. Its description [14] 
includes a number of photographs which demonstrate how the 
generators and the ten filter channels of the device were 
controlled by an operator. 

An application of the Bell vocoder was found during World 
War II for secure speech transmission. The history of the so
called Project X which included the vocoder is described in [6, 
pp. 296-317]. The special contributions of H. Dudley can be 
extracted from his patents [15, 16] which were published after 
the end of the secrecy of the project. It is reported that the 
vocoder was "used to scramble speech signals in the secret 
telephone link between Churchi11 and Roosevelt" [3, p. 35]. 

From the engineering point of view, the number and the 
arrangement of the filter channels of the vocoder is an 
important question. Dudley found that ten channels should be 
sufficient for subdividing the speech band with satisfying 
speech comprehension. Interestingly, the arrangements of the 
channels in the patents of the vocoder [7] and the voder [13] 
are not restricted to the telephone bandwidth of approx. 3,000 
Hz. Dudley explains the selection of the bandwidths mainly 
with the importance of the respective bands for the 
articulation. This leads to a non-linear subdivision of the 
frequency scale which is illustrated in Figure 2. In contrast,
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security application of the vocoder used telephone bandWidth 
with a linear subdivision of the speech band in ten channels of 
300 Hz (labeled as Dudley III in Figure 2) [6, p. 300]. 
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Fig. 2. Comparison o� the. arrangemen�s of .the frequ.e�cy 
bands of the different hlstonc vocoders, mcludmg the cntlcal 
bands defining the mel or Bark scales in psychoacoustics. 

III. THE DEVELOPMENT IN EUROPE 

A. The Early Patents of K. 0. Schmidt 

The discussion on the effective utilization of the available 
bandwidth in communication systems has a long history which 
is documented in an increasing number of patents in the 20th 
century. The idea to transmit speech via a number of adj�cent 
filter channels was firstly patented by the German engmeer 
K. O. Schmidt in 1932 [18]. The invention differs from the 
later vocoder only in that respect, that the fundamental 
frequency of the original signal was not transmitted, thus the 
speech melody could not reproduced at the receiver site. The 
inventor claimed that this feature could be omitted without 
degrading the speech comprehensibility. The proposed linear 
subdivision of the frequency range in 20 channels is included 
in Figure 2. 

A number of years later, K. O. Schmidt added in a 
supplementary patent from 1939 [19] the detection and the 
transfer of the fundamental frequency to his system. The 
complete block diagram is shown in Figure 3. We do not 
know, unfortunately, in what extent the ideas of K. O. Schmidt 
have been implemented in an experimental way. 

After World War II, K. O. Schmidt is known as a staff 
member of the "Femmeldetechnisches Zentralamt", which was 
founded in 1947/49 as research unit of the German Federal 
Post in Darmstadt. He published a number of papers on speech 
transmission [20-22]. In [22, p. 61], he compared Dudley's 
vocoder with his own preceding ideas. 
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Fig. 3. Block diagram of 
the transmission system of K. 
O. Schmidt according to the 
patent [19]. The part below 
the line a-h represents the 
frequency channels according 
to the basic patent from 1932 
[18]. The part above this line 
extracts and adds the 
information on voiced / un
voiced signal segments and 
(in the case of voiced signals) 
the fundamental frequency. 
This part forms the content of 
the supplementary patent 
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B. The Siemens Vocoder 

The department for musical instruments in the Deutsches 
Museum Munich exhibits an ensemble of electronic 
equipment which served since 1955 as a studio for electronic 
music which will be discussed below in Section V. This studio 
includes a vocoder which was developed at the Siemens 
company and transferred to the studio because it was not more 
needed for research and development. This is obviously the 
rare case that we have a physically existing, historic channel 
vocoder in a public museum (cf. Figure 6). 

We know virtually no details about the history of the 
Siemens vocoder before its integration in the studio. It is 
supposed that the development started before the end of 
World War II with military background. More general, it is 
evident from a publication [23] that Siemens was involved in 
the optimization of the bandwidth requirements in speech 
transmission since the 1930-th. We hope that more details will 
be revealed in the future. 

Unfortunately, the real existing device in the Deutsches 
Museum tells us very few about the original construction at 
Siemens. It consists of three racks: two for the filter channels 
and one for control functions. A historic photograph is 
available at [24]. Considering the types of electronic valves 
and other components, it becomes clear that the device was 
redesigned after its transfer to the studio in the 1950-th. It is 
especially reported that the number of channels was raised to 
20 according to the needs of musical signal processing. We do 
not know exactly how many channels the Siemens vocoder 
had before. 

C. The Vocoder of the British Post Office 

We mentioned above the existence of a secret, vocoder
based transmission line between US and UK during World 
War II. On the British side, the development of a vocoder at 
the British Post Office Research Station (located at Dollis 
Hill, London, since 1933) is reported for the years 1943-45 
[25, Ref. 19]. A description of the device was published by R. 
J. Halsey and J. Swaffield in 1948 [25, 26]. 

The development based on H. Dudley's invention but was 
carried out independently. The subdivision of the frequency 
band was originally close to that of the Bell vocoder (cf. the 
curve labeled with "Dudley III" in Figure 2): The lowest band 
from 0 to 250 Hz was omitted, two channels with 250-400 Hz 
and 400-550 Hz followed, and the rest of the band was 
subdivided into seven channels with a bandwidth of 300 Hz 
each. According to [25], this nearly linear arrangement was 
further optimized. The final version used ten filter channels in 
the range of 250-3500 Hz as it is specified in Figure 2 
(labeled with "British Post"). This non-linear subdivision of 
the frequency range proved to be more natural. The equipment 
was mounted in four 6 feet 6 inch racks. 

J. Swaffield was later the head of the UK Government's 
Joint Speech Research Unit (JRSU). There, another British 
development of a channel vocoder was performed from 1956 
to 1966. It was summarized by J. N. Holmes in [27]. It used 
19 filter channels in the range of 250-4000 Hz. The 
construction was similar to the former vocoders but included 
digital transmission. 



D. The Dresden Vocoder 

The Technische Hochschule (later Universitat) Dresden has 
a long tradition in acoustics and electronics, mainly due to H. 
Barkhausen (1881-1956). However, a separate department of 
electrical engineering was founded as late as 1952, including a 
Laboratory of Telecommunication. The importance of the 
vocoder technology was recognized in that time [28]. The 
development of a prototype was performed in the framework 
of the Dr.-Ing thesis of E. Krocker (* 1927) [29, 30, 31]. 

Fig. 4. Historic photograph of the Dresden vocoder [29] . The left 
rack contained the analyzer channels, the two right racks the 
synthesizer channels. The power supply was arranged behind the 
system. 

Krocker adapted at first the channel scheme from the 
vocoder of the British Post Office (label "Dresden I" in Fig. 
2) which was established before the concept of the critical 
bands in human hearing was elaborated by Feldtkeller and 
Zwicker in the early 1950-th [32]. It was E. Zwicker (1924-
1990) personally who recommended E. Krocker to organize 
the frequency bands of his vocoder according to the critical 
bands. Considering the expenses, he implemented finally a 
tradeoff between the original scheme and the critical bands 
(label "Dresden II" in Fig. 2) which improved the syllable 
comprehensibility by (5 . . .  10) %. 

The device (shown in Figure 4) was never exploited 
commercially. Its importance lies in the fact that it is the root 
for more than five subsequent decades of speech research at 
the TU Dresden. 

E. The Ericsson Vocoder 

It should be mentioned that the Swedish Ericsson Company 
designed a channel vocoder in the 1950-th. The famous 
speech processing pioneer, G. Fant (1919-2009), reports [33] 
that his Speech Transmission Laboratory at the KTH was 
consulted for its development. Some citations of related 
research reports are known (e. g. [34, Ref. 104]). 

IV. IMPACT OF VOCODERS ON SPEECH TECHNOLOGY 

The first channel vocoders have been large and expensive. 
There was some doubt whether they could be widely used in 
commercial applications [35]. Also, the speech signal had 
"inhuman" quality [25] and limited comprehensibility. 
Krocker [31] summarizes: "The importance of the vocoder is 
less the frequency band compression than the potential for 
essential investigations on speech. The analyzer can be 
combined with registration equipment for the analysis of 
sounds, whereas the synthesizer can be combined with a 
control mechanism for the synthetic production of speech." 
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Fig. 5. Device for playing back spectrograms, TU Dresden 1973 
(Historic acoustic-phonetic collection of the TU Dresden). 

This was an exact prognosis. The analysis-synthesis 
technology proved to be a very powerful tool in speech 
research. The synthesizer part of a channel vocoder was used 
for early attempts in electronic speech synthesis. The analyzer 
part of the vocoder had to be replaced by a control unit. This 
was a manual/pedal control in the case of Dudley's famous 
voder [14]. Another way for controlling the synthesizer was 
the optoelectronical reading of a spectrogram (the graphic 
representation of the energy of a speech signal versus time and 
frequency). The first of these so-called playback devices was 
developed at Haskins Labs [36]. A later version which was 
designed at TU Dresden is still in function (Figure 5) 

It became clear that there are more effective kinds of 
parameterization of the speech signal, and other vocoder types 
than the channel vocoder arose [34, 37]. Formant coding 
proved to be a very effective approach. Consequently, the 
early types of speech synthesis terminals followed the 
principle of formant synthesis. This development was strongly 
influenced by the work of G. Fant and can be illustrated using 



the history at different places. Formant synthesizers form four 
generations depending on their technology: 
• manually controlled / electron valves technology 
• paper tape or computer controlled / transistor technology 
• process or micro computer controlled / IC technology 
• embedded devices (ASIC) 
We have described this way of early speech synthesis 
especially at the TU Dresden under the guidance of W. 
Tscheschner (1927-2004) in [38]. 

V. IMPACTS ON OTHER FIELDS 

The audible quality of a signal which is transmitted by a 
vocoder can be influenced in very different ways by varying 
its parameters. Some audio examples from the early vocoders 
are available, see [39] for the Dresden vocoder. Different 
applications of this early "sound design" are known. E. g., the 
Siemens as well as the Dresden vocoder have been applied in 
the sound design for early science fiction movies. We will 
finally mention two remarkable scenarios. 

A. The Siemens Studio for Electronic Music 

The Siemens vocoder is physically still existing (but no 
more able to work) because it was included in the famous 
Siemens Studio for Electronic Music [40] which played a 
prominent role in the emerging scene of electronic music. Its 
installation started when Siemens produced a film about the 
company and looked for a suited film music in 1955. The 
composer Josef Anton Riedl [41] created the electronic music 
with devices which were developed especially for this 
purpose. After finishing the film project in 1959 with great 
success, the studio was installed as a separate unit in 1960 and 
moved from Gauting to Munich. There it attracted the avant
garde in electronic music and sound production of that time 
and influenced their success considerably. Siemens finished 
the support in 1963, and the studio was finally closed around 
1968. It came to the Deutsches Museum at Munich in 1994, 
where it is one of the highlights of the department of musical 
instruments [42] (Figure 6). 

The electronic equipment of the studio included a wide 
variety of devices for producing, manipulating, recording, and 
playing musical signals. This allowed the composers to 
perform nearly unlimited experiments with the audible signal. 
The inclusion of a vocoder was very unique for that time and 
can be considered as a stroke of luck. The vocoder allowed to 
manipulate the signal separately in the different channels as 
well as in the kind of excitation [43]. Note that the pioneer in 
communication theory, W. Meyer-Eppler (1913-1960), had 
reported on the potential of the American vocoder at the first 
Tonmeister conference in Dortmund in 1949 [44]. Nowadays, 
electronic music is applying vocoders in large extent. 

A sound studio with comparable impact existed only at the 
RCA with the synthesizer Mark II, but without a vocoder. It 
came to the Columbia University in 1957 where it still exists. 

Fig. 6. Partial view of the Siemens Studio for Electronic Music at 
the Deutsches Museum in Munich with the three racks of the 
Siemens vocoder in the background. Photograph of the new 
arrangement, July 2010. 

B. Analysis-by-Synthesis in Prosody Research 

The modem research activities in speech prosody, which 
will give the synthetic speech more naturalness and 
individuality, go back to vocoder experiments. The linguists 
A. V. Isacenko (1910-1977, a well-known slavist) and H.-J. 
Schadlich (* 1935, later known as a novelist) were among the 
first who developed models for the quantitative description of 
prosodic effects [45]. The English translation of their report 
[46] includes a disk with some of the test sentences. This test 
material consists of German sentences with a fundamental 
frequency which was manipulated to have only two values, 
e. g. (from [45]): 

die IVorbereitungen sind ge troffen. 'alles ist beln.i.1 

Experiments showed that there is still enough prosodic 
information to recognize the correct grammatical structure of 
the sentences. The manipulation was performed using the 
Dresden vocoder with support of W. Tscheschner and later 
with the Ericsson vocoder, supported by G. Fant. 

VI. CONCLUSION 

We have shown that the early vocoders had large impact on 
the development in different fields. Their commercial use, 
however, was not achieved. This figure changed drastically 
with the emergence of integrated circuitry and digital signal 
processing. Nowadays, the principle of the vocoder is widely 
used in signal coding for communication purposes and in 
musical entertainment. 

ACKNOWLEDGEMENT 

The author wishes to thank Silke Berdux (Deutsches 
Museum Miinchen) and Stefan Schenk for kindly supporting 
him with material on the Siemens Studio. 



REFERENCES 

[1] H. Fletcher, Speech and Hearing, New York: Van Norstrand 
1929. 

[2] M. R. Schroeder, "Vocoders: Analysis and Synthesis of 
Speech," Proceedings of the IEEE, vol. 54, no. 5, pp. 720-734, 
May 1966. 

[3] M. R. Schroeder, Computer Speech: Recognition, Compression, 
Synthesis, Berlin etc.: Springer-Verlag 1999. 

[4] S. Furui, Digital Speech Processing, Synthesis, and Recogni
tion, New York 1 Basel: Dekker, 2nd Edition 2001. 

[5] S. Millman (Ed.), A History of Engineering and Science in the 
Bell System - Communication Sciences (1925-/980), Indiana
polis: AT&T Bell Laboratories, 1984. 

[6] M. D. Fagen (Ed.), A History of Engineering and Science in the 
Bell System - National Service in War and Peace (1925-1975), 
Bell Telephone Laboratories, 1978. 

[7] H. W. Dudley, Signaling System, US Patent 2,098,956, 
patented Nov. 16, 1937. 

[8] H. W. Dudley, Signaling System, US Patent 2,115,803, 
patented May 3, 1938. 

[9] H. Dudley; "Remaking Speech", JASA, vol. 11, no. 2, pp. 169-
177, October 1939. 

[10] H. Dudley, "The Vocoder," Bell Laboratories Recordings, vol. 
18, pp. 122-126, December 1939. 

[11] H. Dudley, "The Vocoder - Electrical Re-Creation of Speech," 
Journ. Society of Motion Picture Engineers, vol. 34, pp. 272-
278, March 1940. 

[12] H. Dudley, "The Carrier Nature of Speech," Bell System Tech
nical Journal (BSTJ), vol. 19, no. 3, pp. 495-515, Oct. 1940. 

[13] H. W. Dudley, System for the Artificial Production of Vocal or 
Other Sounds, US Patent 2,121,142, patented June 21, 1938. 

[14] H. W. Dudley, R. R. Riesz, and S. S. A. Watkins, "A Synthetic 
Speaker," Journal of the Franklin Institute, vol. 227, no. 6, pp. 
739-764, June 1939. 

[15] H. W. Dudley, Secret Telephony, US Patent 3,985,958, filed 
Dec. 18, 1941, patented Oct. 12, 1976. 

[16] H. W. Dudley, Signaling System, US Patent 3,470,323, filed 
June 30, 1944, patented Sept. 30, 1969. 

[17] M. A. Sapozkov, and V. G. Michajlov, Vokodernaja Svjaz', 
Moskva: Radio i Svjaz', 1983. 

[18] K.-O. Schmidt, Verfahren zur besseren Ausnutzung des Uber
tragungsweges, German Patent 594 976, patented February 27, 
1932. 

[19] K.-O. Schmidt, Verfahren zur besseren Ausnutzung des Uber
tragungsweges (Zusatzpatent), German Patent 722 607, 
patented January 14, 1939. 

[20] K. O. Schmidt, 
"

Die Sprache und ihre e1ektrische Obertra
gung," Der Fernmelde-Ingenieur, vol. 6, no. 9, pp. 2-32, Sept. 
1952. 

[21] K. O. Schmidt, 
"

Frequenzbandbreite, Obermittlungszeit und 
Amplitudenstufenzah1 (Gerauschabstand) bei den verschiede
nen Nachrichtenarten im Rahmen der Shannon-Theorie," Fern
meldetechnische ZeitschriJt (FTZ), Part 1: vol. 6, no. 12, pp. 
555-563, Dec. 1953; Part 11: vol. 7, no. 1, pp. 33-43, Jan. 1954. 

[22] K. O. Schmidt, "Einige Betrachtungen zu Sprach-Versch1iisse
lungsanlagen," Fernmeldetechnische ZeitschriJt (FTZ), vol. 7, 
no. 2, pp. 57-64, February 1954. 

[23] F. Strecker, 
"

NachrichtenfluB und Frequenzbandbreite," Verb!
fentlichungen aus dem Gebiete der Nachrichtentechnik, vol. 5, 
no. 4, pp. 227-233, Berlin: Siemens & Halske 1935. 

[24] The Audio Playground Synthesizer Museum, webpage 
http://www.keyboardmuseum.orglpre60/l950/siemens.html. 
visited July 18,20 I O. 

[25] R. J. Halsey, and J. Swaffie1d, "Analysis-Synthesis Telephony 
with Special Reference to the Vocoder", Journal of the lEE, 
Part 1: General, vol. 95, issue 91, pp. 333-334, 1948; and Part 
III: Radio and Communications Engineering, vol. 95, issue 37, 
pp. 391-406, 1948. 

[26] Discussion on "Analysis-Synthesis Telephony with Special 
Reference to the Vocoder" 1 Authors' Reply, Proc. of the lEE, 
Part III: Radio and Communications Engineering, vol. 96, 
issue 44, pp. 497-504, 1949. 

[27] J. N. Holmes: "The JRSU Channel Vocoder", Proceedings of 
the lEE, vol. 127, pt. F, no. 1, pp. 53-60, February 1980. 

[28] H. Friihauf, Moderne Verfahren der elektrischen Nachrichten
iibertragung, Berlin: Aufbau-Verlag, 1952. 

[29] E. Krocker, Aujbau und Untersuchung eines Ubertragungs
systems fiir synthetische Sprache, Dr.-Ing. thesis, TH Dresden, 
June 14, 1957. 

[30] E. Krocker, 
"

Aufbau und Untersuchung eines Obertragungs
systems flir synthetische Sprache," Wiss. Ztschr. der TH 
Dresden, vol. 6 (1956/57), no. 4, pp. 757-776. 

[31] E. Krocker, and W. Tscheschner, Entwicklung eines Ubertra
gungssystems fiir kiinstliche Sprache, Res. Rept., TH Dresden 
1960. 

[32] R. Feldtkeller, and E. Zwicker, Das Ohr als Nachrichten
empfanger, Stuttgart: Hirzel 1956. 

[33] G. Fant, "Half a Century in Phonetics and Speech Research," 

Fonetik 2000, Swedish Phonetics Meeting in Skbvde, May 24-
26, www.speech.kth.se/-gunnar/halfcenturv.pdf 

[34] G. Fant, and K. N. Stevens, "Systems for Speech Com
pression," Fortschritte der Hochfrequenztechnik, vol. 5, pp. 
229-262, Frankfurt am Main: Akadem. Verlagsges. 1960. 

[35] C. Jacobaeus, 
"

Entwicklungslinien in der Fernsprechtechnik," 
Ericsson Review, vol. 37, no. 4, pp. 102-113, 1960. 

[36] J. M. Borst, and F. S. Cooper, "Speech Research Devices Based 
on a Channel Vocoder," JASA, vol. 29, p. 777, 1957. 

[37] F. Vilbig, and K. H. Haase, "Ober einige Systeme zur Sprach
bandkompression," Nachrichtentechnische Fachberichte, vol. 3 
(Informationstheorie), pp. 81-92, Braunschweig: Vieweg 1956. 

[38] R. Hoffmann, 
"

Sprachsynthese an der TU Dresden: Wurzeln 
und Entwicklung," Beilr. zur Geschichte u. neueren Entwick
lung der Sprachakustik und Informationsverarbeilung, ed. by 
D. Wolf, Dresden: w.e.b. Universitatsverlag 2005, pp. 55-77 
(Studientexte zur Sprachkommunikation, vol. 35). 

[39] http://www.ias.et.tu-dresden.de/museurnlvocoder/demovoc.htm 
[40] Siemens Kulturprogramm (ed.), Siemens-Studio fiir elektro

nische Musik, m. Beitr. von B. Hentschel, H. Klein, 1. A. Riedl, 
R. Oehlschlagel. Miinchen 1994. 

[41] S. Schenk, 
"

Die Elektronische Musik von Josef Anton Riedl. 
Das Siemens-Studio in Miinchen," Josef Anton Riedl (= 

Komponisten in Bayern, vol. 52), ed. by F. Messmer, Tutzing: 
Schneider, in print (2010). 

[42] S. Schenk, "Klange aus der Retorte," Meisterwerke aus dem 
Deutschen Museum, vol. 6, pp. 28-31, Miinchen 2004. 

[43] H. Klein, 
"

Klangsynthese und Klanganalyse im elektronischen 
Studio," Frequenz, vol. 16. no. 3, pp. 109-114, 1962. 

[44] E. Ungeheuer, 
"

Werner Meyer-Epplers Lehre in der Musik," 
DAGA96. Bonn 1996, pp. 43-50. 

[45] A. V. Isacenko, and H.-J. Schiidlich, Untersuchungen iiber die 
deutsche Satzintonation, Berlin: Akademie-Verlag 1964. 

[46] A. V. 1sacenko, and H.-J. Schadlich, A Model of Standard 
German Intonation, The Hague 1 Paris: Mouton 1970. 

[47] D. Mehnert, and R. Hoffmann, "10 Jahre historische akustisch
phonetische Sammlung der TU Dresden," Elektronische 
Sprachsignalverarbeitung 2009, ed. by R. Hoffmann, vol. 2, 
pp. 147-166, Dresden: TUDpress 2010 (Studientexte zur 
Sprachkommunikation, vol. 54). 


