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One method of synthesising speech involves the concatenation of small 

units of speech in the time domain. Thus representations of speech waveform 

5 may be stored, and small units such as phonemes, diphones or triphones - i.e. 

units of less than a word - selected according to the speech that is to be 

synthesised, and concatenated. Following concatenation, known techniques may 

be employed to adjust the composite waveform to ensure cominuity of pitch and 

signal phase. However, another factor affecting the perceived quality of the 

10 resulting synthesised speech is the amplitude of the units: preprocessing of the 

waveforms - i.e. adjustment of amplitude prior to storage - is not found to solve 

this problem, inter alia because the length of the units extracted from the stored 

data may vary. 

According to the present invention there is provided a speech synthesiser 

15 comprising 

- a store containing representations of speech waveform: 

- selection means responsive in operation to phonetic representations 

input thereto of desired sounds to select from the store units of speech waveform 

representing portions of words correspcnding to the desired sounds; 

20 - means for concatenating the selected units of speech waveform 

characterised by means for adjusting the amplitude of at least the voiced portion 

relative to a predetermined reference level. 

One example of the invention will now be described. by way of example, 

with reference to the accompanying drawings, in which: 

25 Figure 1 is a block diagram of one example of speech synthesis according 

to the invention; 

Figure 2 is a flow chart illustrating operation of the synthesis; and 

Figure 3 is a timin~ diagram. 

In the speech synthesiser of Figure 1, a store 1 contains speech 

30 waveform sections generated from a digitised passage of speech, originally 

recorded by a human speaker reading a passage (of perhaps 200 sentences) 

selected to contain all possible (or at least, a wide selection of) different sounds. 
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Accompanying each section is stored data defining "pitchmarks" indicative of 

points of glottal closure in the signal, generated in conventional manner during the 

original recording. 

An input signal representing speech to be synthesised, in the form of a 

5 phonetic representation is supplied to an input 2. This input may if wished be 

generated from a text input by conventional means (not shown). This input is 

processed in known manner by a selection unit 3 which determines, for each unit 

of the input. the addresses in the store 1 of a stored waveform section 

corresponding to the sound represented by the unit. The unit may, as· mentioned 

10 above. be a phoneme.·diphone, triphone or other sub-word unit, and in general the 

length of a unit may vary according to the availability in the waveform store of a 

corresponding waveform section. 

The units, once read out, are concatenated at 4 and the concatenated 

waveform subjected to any desired pitch adjustments at 5. 

1 5 Prior to this concatenation, each unit is individually subjected to an 

amplitude normalisation process in an amplitude adjustment unit 6 whose 

operation will now be described in more detail. The basic objective is to normalise 

each voiced portion of the unit to a fixed RMS level before any further processing 

is applied. A label representing the unit selected allows the reference level store 8 

20 to determine the appropriate RMS level to be used in the normalisation process. 

Unvoiced portions are not adjusted, but the transitions between voiced and 

unvoiced portions may be smoothed to avoid sharp discontinuities. The 

motivation for this approach lies in the operation of the unit selection and 

concatenation procedures. The units selected are variable in length, and in the 

25 context from which they are taken. This makes preprocessing difficult, as the 

length, context and voicing characteristics of adjoining units affect the merging 

algorithm. and hence the variation of amplitude across the join. This information is 

only known at run-time as each unit is selected. Postprocessing after the merge is 

equally difficult. 

30 The first task of the amplitude adjustment unit is to identify the voiced 

portions(s) Of any) of the unit. This is done with the aid of a voicing detector 7 

which makes use of the pitch timing marks indicative of points of glottal closure in 
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the signal, the distance between successive marks determining the fundamental 

frequency of the signal. The data (from the waveform store 1 ) representing the 

timing of the pitch marks are received by the voicing detector 7 which, by 

reference to a maximum separation corresponding to the lowest expected 

5 fundamental frequency, identifies voiced portions of the unit by deeming a 

succession of pitch marks separated by less than this maximum to constitute a 

voiced portion. A voiced portion whose first (or last) pitchmark is within this 

maximum of the beginning (or end) of the speec;:h unit is, respectively, considered 

to begin at the beginning of the unit or end at the end of the unit. This 

t 0 identification step is shown as step 10 in the flowchart shown in Figure 2. 

The amplitude adjustment unit 6 then computes lstep 11) the RMS value 

of the waveform over the voiced portion, for example the portion B shown in the 

timing diagram of Figure 3, and a scale factor S equal to a fixed reference value 

divided by this RMS value. The fixed reference value may be the same for all 

15 speech Portions. or more than . one reference value may be used specific to 

particular subsets of speech portions. For example, different phonemes may be 

allocated different reference values. If the voiced portion occurs across the 

boundary between two different subsets, then the scale factor S can be calculated 

as a weighted sum of each fixed reference value divided by. the RMS value. 

20 Appropriate weights are calculated according to the proportion of the voiced 

portion which falls within each subset. All sample values within the voiced portion 

are (step 12 of Figure 2) multiplied by the scale factor S. In order to smooth 

voiced/unvoiced transitions, the last 1 Oms of unvoiced speech samples prior to 

the voiced portion are multiplied (step 13) by a factor S1 which varies ti nearly from 

25 1 to S over this period. Similarly, the first 1 Oms of unvoiced speech samples 

following the voiced portion are multiplied (step 14) by a factor 52 which varies 

linearly from S to 1. Tests 15, 16 in the flowchart ensure that these steps are not 

performed when the voiced portion respectively starts or ends at the unit 

boundary. 

30 

Figure 3 shows the scaling procedure for a unit with three voiced portions 

A. B, C, 0, separated by unvoiced portions. Portion A is at the start of the unit, 
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so it has no ramp-in segment, but has a ramp-out segment. Portion B begins and 

ends within the unit, so it has a ramp-in and ramp-out segment. Portion C starts 

within the unit, but continues to the end of the unit, so it has a ramp-in. but no 

ramp-out segment. 

5 This scaling process is understood to be applied to each voiced portion in 

10 

turn, if more than one is found. 

Although the amplitude adjustment unit may be realised in dedicated 

hardware, preferably it is formed by a stored program controlled processor 

operating in accordance with the flowchart of Figure 2. 
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• a store containing representations of speech waveform; 

6 • selection means responsive in operation to phonetic representations 

input thereto of desired sounds to select from the store units of speech waveform 

representing portions of words corresponding to the desired sounds; 

• means for identifying voiced portions of the selected units 

- means for concatenating the selected units of speech waveform; 

10 characterised by means arranged to adjust the amplitude of the voiced portions of 

the units relative to a predetermined reference level and to leave unchanged at 

least part of any unvoiced portion of the unit. 

2. A speech synthesiser according to Claim 1 in which the adjusting means 

is arranged to scale the or each voiced portion by a respective scaling factor, and 

1 S to scale the adjacent part of any abutting unvoiced portion by a factor which 

varies monotonically over the duration of that part between the scaling factor and 

unity. 

3. A speech synthesiser according to Claim 1 or 2 in which a plurality of 

reference levels is used, the adjusting means being arranged for each voiced 

20 portion, to select a reference level in dependence upon the sound represented by 

that portion. 

4. A speech synthesiser according to Claim 3 in which each phoneme is 

assigned a reference level and any voiced portion containing waveform segments 

from more than one phoneme is assigned a reference level which is a weighted 

25 sum of the levels assigned to the phonemes contained therein, weighted according 

to the relative durations of the segments. 


