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Abstract 

For several years we have worked with a text-to-speech system, 
(Carlson, Granstrom, & Hunnicult, 1982), which uses a version of the 
OVE 111 cascade/parallel formant filter synthesis model and a sunpli- 
fied glottal pulse source implemented in a NEC 7720 digital signal 
processor (DSP). This has resulted in a product with 'an acceptable 
male voice and less acceptable female and child voices. Continuous 
work on speech analysis 'and speech production ~nodellirig give us the 
possibility to further enhance the synthesis model and imple~nerit it in 
the existing text-to-speech systen~ (Carlson, Fant, Gobl, Granstrom, 
Karlsson, & Lin, 1989). This contribution discusses new hardware 'and 
software resources for digital signal processing 'and the real time 
implementation of the enhanced tnodel. The new implementation is 
made using a TMS 320C25 digital signal processor. The OVE 111 
model is described in 'C' programming language, with the time criti- 
cal parts in 'C-like' assembler. 

INTRODUCTION 
The first digital signal processor llnplelnentation of the OVE la1 model was made on an 
NEC 7720. This was an important step in producing text-to-speech devices. The quality 
of the synthetic male voice is generally accepted in several applications. To achieve a 
more natural voice and a more realistic female and child voice, several enhancements 
are proposed. 

The model implemented is a cascade/parallel formant synthesizer with a single pulse 
voice source. One major enhancement is to use a version of the LF-glottal source model 
(Fant, Liljencrants, & Lin, 1985) developed at our laboratory. Another important expan- 
sion is the improved nasal a i c l  fricative branches. 

We have earlier implemented an enl~anced model in the 7720, which uses a look-up 
table to produce the glottal source waveform. 111 adtlition to FO, three parameters can be 
controlled in this model, i.e., rise time of the flow, excitation amplitude a id  return 
phase. Some improvements were made, e.g., better on-set of vowels, but the hnple- 
mentation made it possible to control the parameters in only coarse steps. Due to the 
limited program and memory size of the 7720. further enhaticeme~ltr of the rnntlel was 
hard or impossible to implement. 

Another problem in implenientation of rliodels is the gap betweell the Iiigll level lan- 
guage description of the lnodel in the shnulations and the assembler code of the digital 
signal processor. Recent advances in hardware and software has made it possible to 
bridge the gap and create a powe~ful develop~nent environment. 

THE DEVELOPMENT ENVIRONMENT 
We have built a new digital signal processor development environment, with the Ariel 
DSP-16 board both in JBM AT'S and Apollo work stations. The board, which contains a 
TMS 320C25 DSP and tlual analog to cligital/cligital to analog (AD/DA) converters, is 



used for synthesis implementations. It is also used for spectral analysis (FFT) and 
ADPA-conversion in other applications. The interface library supported by Ariel has 
been converted to the Apollo so that we have a similar environment for the application 
programs. 

DSP programs written in 'C' and assembler language are compiled and debugged on 
the AT, with its superior signal processor development facilities. Common routines for 
interface, signal processing, etc, are collected in a library and can be linked to the pro- 
grams. The routines are also available in a simulator library on both the AT and Apollo. 
Using a DSP simulator on the host computers and a cross compiler for the DSP makes it 
possible to use the same source code for simulation and implementation. The real-time 
part of the simulator is easily transferred to 'C-like' assembler code and vice versa. 

The programs are easily transferred to the Apollos, where the main analysis and 
synthesis research is done. For each DSP program, we also have a library containing 
routines for the interface with application programs. The library is available on both 
types of computers. 

The implementation of the synthesis model is made with features from object ori- 
ented programming. All the blocks have a common interface which makes it easy to 
modify the description, e.g., substitute the voice source. This allows us to include the 
advances of our research in the real-time environment. At present, the transfer of the 
model is not fully functional. Our goal is to present a vocal demonstration at the confer- 
ence. 

CONCLUSIONS 
We have discussed the real-time implementation of an enhanced synthesis model. The 
most important step is the new voice source which enables a more natural speech and 
more realistic female and child voices. The work involves building a development envi- 
ronment for the TMS 320C25 digital signal processor integrated with our research com- 
puters. In the present work we have put emphasis on implementing the synthesis model 
in a way that is flexible and hardware independent, thus making it easy to use a floating 
point DSP in the near future. 
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