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ASSESSMENT OF SIGNAL QUALITY 

This invention relates to the assessment of an audio signal carrying 

speech. It is of particular application to the assessment of the condition of 

5 telecommunications systems whilst in use. 

Signals carried over telecommunications links can undergo considerable 

transformations, such as digitisation, data compression, data reduction, 

amplification, and so on. All of these processes can distort the signals. For 

example, in digitising a waveform whose amplitude is greater than the maximum 

10 digitisation value, the peaks of the waveform will be converted to a flat-topped 

form (a process known as peak clippingt. This adds unwanted harmonics to the 

signal. D:stortions can also be caused by electromagnetic interference from 

external sources. 

Many of the distortions introduced by the processes de.scribed above are 

15 non-linear, so that a simple test signal may not be distorted in the same way as a 

complex waveform such as speech, or at all. For a telecommunications link 

carrying data it is possible to test the link using all possible data characters (e.g. 

the two characters 1 and 0 for a binary link, or the twelve tone-pairs used in DTMF 

(dual tone multi-frequency) systems. However speech does not consist of a 

20 limited number of well-defined signal elements, but is a continuously varying 

signal, whose elements vary according not only to the content of the speech (and 

the language used) but also the physiological and psychological characteristics cf 

the individual speaker, which affect characteristics such as pitch, volume, 

characteristic vowel sounds etc. 

25 It is known to test telecommunications equipment by running test 

sequences using samples of speech. Comparison between the test sequence as 

modified by the equipment under test and the original test sequence can be used 

to identify distortion introduced by the equipment under test. However, these 

• arrangements require the use of a pre-arranged test sequence, which means they 

-4 30 cannot be used on live telecommunications links - that is, links currently in use -

"' because the test sequence would interfere with the traffic being carried and be 

audible to the users, and because conversely the live traffic itself {whose content 
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cannot be predetermined) would be detected by the test equipment as distortion of 

the test signal. 

In order to carry out tests on equipment in use, without interfering with 

the signals being carried by the equipment (so-called non-intrusive testing}, it is 

5 desirable to carry out the tests using the live speech speech signals themselves as 

the test signals. However, a problem with using live speech as the test signal is 

that there is no instantaneous way of obtaining, at the point of measurement, a 

sample of the original signal. Any means by which the original signal might be 

transmitted to the measurement location would be likely to be subject to similar 

10 distortions as the link under test. 

The present Applicant's co-pending International Patent applications 

W096/06495 and W096/06496 (both published on 29th February 1996) propose 

two possible solutions to this problem. W096/06495 describes the analysis of 

certain characteristics of speech which are talker-independent in order to determine 

15 how the signal has been modified by the telecommunications link. It also describes 

the analysis of certain characteristics of speech which vary in relation to other 

characteristics, not themselves directly measurable, in a way which is consistent 

between individual talkers, and which may therefore be used to derive information 

about these other characteristics. For example, the spectral content of an 

20 unvoiced fricative varies with volume (amplitude), but in a manner which is largely 

independent of the individual talker. The spectral content can thus be used to 

estimate the original signal amplitude, which can be compared with the received 

signal amplitude to estimate the attenuation between the talker and the 

measurement point. 

25 In W096/06496, the content of a received signal is analysed by a speech 

recogniser and the results of this analysis are processed by a speech synthesiser to 

regenerate a speech signal having no distortions. The signal is normalised in pitch 

and duration to generate an estimate of the original speech signal which can be 

compared with the received speech signal to identify any distortions or 

30 interference, e.g. using perceptual analysis techniques as described in International 

Patent Applications W094/00922 and W095/15035. 

Typically speech transmission over a limited bandwidth employs data 

reduction e.g. linear predictive codecs (LPCs)). Such codecs are based on an 
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approximation to the human vocal tract and represent segments of speech 

waveform as the parameters required to excite equivalent behaviour in a vocal 

tract model. 

According to a first aspect of the present invention, there is a provided a 

5 method of assessing the quality of a signal carrying speech, in which the signal is 

analysed according to a spectral representation model to generate output 

parameters, the output parameters are weighted according to a predetermined 

network definition function, and an output is generated derived from the weighted 

output parameters. 

10 According to a second aspect of the invention, there is provided apparatus 

for assessing the quality of a signal carrying speech, comprising means for 

analysing the signal using a spectral representation to generate output parameters, 

storage means for storing a set of weightings defining a network definition 

function, and means for generating an output value derived from the output 

15 parameters and the network definition function. 

20 

25 

Preferably the network definition function is derived in a preliminary step 

from data for which the output value is known. 

Preferably the spectral representation is an imperfect vocal tract model. 

However, spectral representations such as auditory models may also be used. 

The term uauditory model" in this context means a model which responds 

to a stimulus in the same way as the human auditory system {i.e. the ear-brain 

combination). It is a particular category of the more general term "perceptual" 

model, that is a model which responds to a stimulus in the same way as the 

human auditory system. 

The term 'imperfect vocal tract model' in this context means a vocal tract 

model which is not 'ideal' but is also capable of generating coefficients relating to 

auditory spectral elements that the human vocal tract is incapable of producing. In 

particular it means a model that can parametrically represent both the speech and 

the distortion signal elements, which is not the normal goal for vocal tract model 

30 design. 

In a preferred embodiment, speech samples having known properties, e.g. 

well-conditioned or deliberately ill-conditioned, are analysed by the vocal tract 

model, and the parameters generated can then be identified as relating to well or 

li1iii1iiU1i 
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ill-conditioned signals, preferably by a trainable process such as a neural network. 

In this way weightings can be built up for vocal tract parameters associated with 

each type of signal, fand any parameters which are associated with both and are 

therefore unreliable indicators and generate less, or no, weighting), so that when 

5 an unknown signal is processed an output can be generated using the previously 

generated weightings associated with those parameters which relate to the 

unknown signal. 

Preferably the network definition function weightings are dependant on the 

temporal context of the output parameters. To this end, sequences of parameters, 

1 O as well as individual parameters, may be given weightings. A sequence of 

parameters of successive time frames should follow one of a number of recognised 

sequences corresponding to real speech sounds. Should a set of parameters be 

identified for a time frame which should not follow the previous members of the 

sequence, or which should not appear at all, this indicates that a distortion is 

15 present. 

In one embodiment, the apparatus may funher comprise training means for 

generating the stored set of weightings, the training means comprising first input 

means for supplying a sample of speech to the modelling means; second input 

means for supplying to the training me~ns known output information (referred to 

20 hereinafter as "labels") relating to the speech sample; means for generating 

weightings from the mode11ing means based on the labels, and storage means for 

storing weightings generated by the modelling means. 

The speech segments used in the training sample must therefore each be 

labelled as well-conditioned ("good") or ill-conditioned ("poor"). This is a major 

25 undertaking, because a typical sample comprises several hours of speech, and 

many such samples are required in order to train the system to respond correctly 

to a range of talkers, conditions, and other variables. The duration of an individual 

segment is typically 20 milliseconds, so in all several milfion segments must be 

labelled. 

30 According to a preferred embodiment, the training means comprises 

means for providing a training sequence comprising a first signal and a distorted 

version of the first signal. analysis means for receiving the training sequence and 

generating a distortion perception measure for indicating the extent to which the 
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distortion would be perceptible to a human listener, and means for applying the 

distortion perception measure to the trainable processing apparatus to determine 

the network definition function. 

Preferably the trainable process comprises the steps of providing a training 

5 sequence comprising a first signal and a distorted version of the first signal, and 

determining the network definition function by the measuring the perceptual 

degree of distortion present in each segment, as determined by an analysis process 

comprising generating a distortion perception measure which indicates the extent 

to which the distortion of said signal will be perceptible to a human listener. 

10 In a preferred arrangement the analysis process estimates the effect which 

would be produced on the human auditory system by distorted and undistorted 

versions of the same signal, and determines the differences between the said 

effects, and generates said distortion perception measure in dependence upon said 

difference. Preferably, the analysis process generates said distortion perception 

15 measure to depend upon the perceptual intensity of said distortion, and to depend 

nonlinearly upon the amplitude of said distortion. 

The analysis process preferably generates a plurality of spectral 

component signals of said test signal and/or said distorted signal, and estimates, 

tor each spectral component signal, the masking effect which that spectral 

20 component signal would produce on the human auditory system. 

In a preferred arrangement the analysis process estimates the effect which 

said distortion would produce on the human auditory system by decomposing the 

distorted signal into a plurality of spectral component bands, the spectral 

component bands being shaped to provide spectral masking; calculating the 

25 temporal masking of the signal due to preceding and/or succeeding temporal 

portions thereof; forming, for each of the spectral component signals, a 

representation of the difference between the component signal of the distorted 

signal and a correspondingly calculated component of the test signal; and 

generating said distortion perception measure from said difference measure. In a 

30 particularly preferred arrangement the analysis process generates a measure of the 

spectral and temporal distribution of the distortion from said difference signal. 

Each training sequence will typically be a large corpus of natural speech, in 

order to account for the variations in talkers' characteristics. In the preferred 

1iiim~r 
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embodiment the analysis process comprises the steps of decomposing the 

distorted speech signal into a plurality of spectral component bands, the spectral 

component bands being shaped to provide spectral masking; calculating the 

temporal masking of the signal due to preceding and/or succeeding temporal 

5 portions thereof; forming, for each of the spectral component signals, a 

representation of the difference between the component signal of the distorted 

signal and a correspondingly calculated component of the test signal; and 

generating said distortion perception measure from said difference measure. 

Suitable speech analysis processes are described in International patent 

10 Applications W094/00922, W095/01011 and W095115035. By labelling the 

segments automatically, using a distortion perception measure, the network 

definition function can be derived consistently but nevertheless according to 

factors perceptible to a human listener. 

An exemplary embodiment of the invention will now be described, with 

15 reference to the accompanying drawings which show the functional relationship of 

the various elements of the embodiment. It will be appreciated that the invention 

can be embodied advantageously in software to run on a general purpose 

computer. 

Figure 1 shows the functional elements of a trainable system configured 

20 for a training process. 

25 

Figure 2 shows the functional elements of the same system configured for 

a run with unknown data. 

Figure 3 shows the training apparatus of Figure 1 in greater detail. 

Figure 4 shows the analysis apparatus of Figure 3 in greater detail. 

Figure 5 shows an apparatus by which the initial speech samples supplied 

by the data source may be generated. 

The system of Figures 1 and 2 comprises a source of training data 1 and a 

source of live traffic (real data) 2 both of which provide inputs to a vocal tract 

analyser 3. Parameters associated with the training data are also supplied from 

30 the training apparatus 1 to a classification unit 5, which is shown as a trainable 

process, specifically a neural network 5. Parameters output by the analyser unit 3 

are fed to the neural network 5. During the training process the neural network 5 

provides parameters to a store 4. These parameters define a network definition 

iliiii~f 
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function. When real data are read, the parameters are retrieved from the store 4 

and used by the neural network 5 to perform the network definition function on 

the values generated by the vocal tract analyser 3 to generate classification data 

which are supplied to an output 6. Typically the output data are in the form of a 

5 classification based on the values generated by the analyser 3, weighted according 

to the network definition function, and indicating the degree of distortion identified 

by the system. For example, a signal may be classified as 'good' if all weighted 

parameters exceed a predetermined value, and/or if some arithmetical combination 

of the weighted parameters (e.g. their total sum) exceeds a predetermined value. 

10 Some measurable properties have characteristic values which are predictable from 

the measurement of one or more others. If the value actually measured does not 

correspond to the predicted value, then one or other of the values has been 

distorted, thereby giving another indication of the quality of the signal. Several 

quality levels may be defined, by setting a number of thresholds. 

15 For practical purposes the signal is anatysed as a sequence of time frames. 

20 

Parameters derived from data relating to a first time frame may be used in analysis 

of subsequent time frames. For this purpose the output of the vocal tract analysis 

3 is stored in a buffer store 7 for later use in subsequent operations of the neural 

network 5. 

Figure 3 shows the training apparatus 1 in greater detail. It includes a 

data store 8, comprising a first store Sa of "'goodn signals and a second store Sb 

having distorted versions of the good signals stored in the first store Sa. The good 

signal from the store Ba, and its corresponding distorted version from the store Sb, 

are fed through respective first and second inputs 11, 12 to an analysis unit 9 

25 which provides an output comprising a sequence of labels which are then 

transmitted to the neural net 5 (Figure 1). The distorted version of the signal is also 

sent to a segmenter 10, which divides the signal into individual segments 

corresponding to the labels. These segments are then transmitted to the vocal 

tract analyser 3. ( Figure 1 ). 

30 Figure 4 shows the analysis unit 9 in greater detail. The inputs 11 and 12 

from the first and second stores (Sa, Sb) carrying the "good" signal and the 

distorted versions of the good signal are each fed through an auditory model 

(respectively 13, 14) and the outputs of the auditory models are compared in a 
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comparator 15. It will be apparent to the skilled reader that in an alternative 

arrangement corresponding passages of the good and distorted signal may be fed 

alternately through the same auditory model and the outputs of this auditory model 

compared for the good and distorted signal passages. The output from the 

5 comparator 15 is used to generate an error surface in error surface generator 16, 

and the properties of the error surface so generated are used to derive labels in a 

label generator 17 appropriate to the characteristics of the error surface 16. These 

labels are produced in synchronism with the segmentation of the signal in the 

segmenter 10.The labels are output to the neural net 5 (Figure 1}. 

10 Figure 5 shows the generation of the data for the data store 8. An original 

test signal 18 is generated by any suitable means, as will be described later, and 

transmitted directly to the first store Ba. The same signal is also transmitted 

through a distorting means 19 and the resulting distorted signal is stored in a 

second store 8b. 

15 It is appropriate here to briefly discuss the characteristics of vocal tract 

analysis systems and trainable processes. The vocal tract is a non-uniform acoustic 

tube which extends from the glottis to the lips and varies in shape as a function of 

time [Fant G C M, "Acoustic Theory of Speech Productionn, Mouton and Co., 's­

gravehage, the Netherlands, 1960). The major anatomical components causing 

20 the time varying change are the lips, jaws, tongue and velum. For ease of 

computation it is desirable that models for this system are both linear and time­

invariant. Unfortunately, the human speech mechanism does not precisely satisfy 

either of these properties. Speech is a continually time varying-process. In 

addition, the glottis is not uncoupled from the vocal tract, which results in non-

25 linear characteristics [Flanagan J L 8 Source-System Interactions in the Vocal 

Tract", Ann. New York Acad. Sci 155, 9-15, 1968]. However, by making 

reasonable assumptions, i~ is possible to develop linear time invariant models over 

shon intervals of time for describing speech events [Markel JD, Gray AH, "linear 

Prediction of Speech", Springer-Verlag Berlin Heidelberg New York, 19761. Linear 

30 predictive codecs divide speech events into short time periods, or frames, and use 

past speech frames to generate a unique set of predictor parameters to represent 

the speech in a current frame [Atal B S, Hanauer S L "Speech Analysis and 

Synthesis by Linear Prediction of the Speech Wave" J. Acoust. Soc. Amer., vol. 

• 
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50, pp_. 637-655, 1971 ]. Linear predictive analysis has become a widely used 

method for estimating such speech parameters as pitch, formants and spectra. 

Auditory models (time/frequency/amplitude spectrograms) rely on audible features 

of the sound being monitored, and take no account of how they are produced, 

5 whereas a vocal tract model is capable of identifying whether the signal is speech­

like, i.e. whether a real vocal tract could have produced it. Thus inaudible 

differences, not recognised by auditory models, will nevertheless be recognised by 

a vocal tract model. 

For the purpose of measuring signal quality, the output parameters 

10 generated must be sensitive to the property being measured, i.e. the perceived 

speech quality. The model must therefore be capable of modelling distortion which 

is not speech-like, and therefore an ideal vocal tract model would not be suitable. 

An ideal model would convert all input signals into speech-like forms (not 

necessarily the original ones if the distortion is severe). This would make the 

16 classification process unreliable, as the distorted inputs and pure inputs would both 

be classified as speech-like, rendering the training process impossible. It is 

therefore important that the vocal tract model is 'imperfect', in the sense 

previously defined, since the process relies on the output parameters from the 

vocal tract model being sensitive to the presence of non-human distortion elements 

20 in order to distinguish between ill-conditioned and well-conditioned signals. A vocal 

tract model suitable for use as the analyser 3 is the Linear ·Predictive Coding model 

as described in "Digital Processing of Speech Signals": Rabiner L.R.; Schafer R.W: 

(Prentice-Hall 1978• page 396. 

Spectral analysis may be used as an alternative to a vocal tract model, for 

25 example ,,one-third octave analysis" as discussed in Section 3.6 of •Frequency 

Analysis" by R.B. Randall, (published by Bruel & Kjaer, 1987 (ISBN 87 87355 07 

8). 

The characteristics of trainable processes, and particularly neurat nets, will 

now be discussed. ln order to map a number of inputs onto a smaller number of 

30 predetermined results classes it is possible to use a series of rules, particularly if 

the mapping process represents a natural system. However, if the natural system 

is too complex, or the required mapping operates on abstract parameters, then a 

trainable process can be used to develop the required mapping in response to a 
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series of known results, referred to as the training data. The known results are 

used to determine the relationship between the input parameters and the results 

classes such that subsequent unknown combinations of inputs can be classified. A 

neural network is designed to model the way in which the brain performs a 

5 particular task or function of interest. It is possible to train a neural network to 

perform useful computations through a process of learning [Haykin S, .,Neural 

Networks, A Comprehensive Foundation", Macmillan IEEE Press, 1994). To 

achieve good performance neural networks employ a massive interconnection of 

simple processing units. lnterprocessing unit connection strengths, known as 

10 weights, are used to store the knowledge of the system. [Aleksander I, Morton H 

"An Introduction of Neural Computing" Chapman and Hall London, 1990). The 

procedure used to perform the learning process is called the learning algorithm, the 

function of which is to modify the weights of the network in an orderly fashion so 

as to attain a desired design objective. The power of a neural network is derived 

15 from a massively parallel distributed structure and its ability to learn and therefore 

generalise; generalisation refers to the network producing reasonable outputs for 

inputs not encountered during training. Supervised learning is a form of training 

which involves presenting known examples of classes to the network ·and then 

modifying the interconnecting weights in order to minimise the difference between 

20 the desired and actual response of the system. The training is repeated for many 

examples from each of the classes of inputs until the network reaches a steady 

state. There is a close analogy between the input-output mapping performed by a 

neural network and the classification achieved by non-parametric statistical 

inference. 

25 The operation of the system will now be described. Referring first to 

Figure 2, real data can be supplied from the source 2 to the vocal tract analysis 

system 3. Distortion and interference may cause some individual time frames of 

the original signal to be distorted, or to be missing altogether. If a given frame can 

only appear following one of a small subset of the possible frames, its appearance 

30 following a frame which is not a member of that subset indicates that either the 

subject frame or its predecessor (or both) has been distorted from some original 

frame which was appropriate to the context. The parameters of each individual 

frame may be 'permitted', (i.e. the parameters fall within the expected ranges), but 

• 
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a sequence of parameters, considered together, may be invalid, indicating that 

distortion is taking place. The parameters stored in the store 4 define a network 

definition function which includes such effects. The parameters generated by the 

vocal tract analysis are fed as input to the neural network 5, which applies a 

5 network definition function to the data generated by the vocal tract analysis, to 

produce an output 6. The network definition function is defined by parameters 

stored in the store 4, to derive classification of the quality of the signal supplied to 

the source 2. 

In order to include parameters relating to time-dependent properties, e.g. 

10 to identify not only whether the instantaneous characteristics of the output from 

the model are within the capabilities of the human vocal tract, but also whether 

the time-variant properties are also within such capabilities, the output from the 

vocal tract analysis is stored in a buffer store 7. A predetermined number of the 

the stored parameters can be fed as an input to the neural network 5 as 

15 uhistorical" data in addition to the current sample, thereby measuring the time­

dependent characteristics of the signal. The stored parameters may relate to 

events both before and after the current sample, to allow both upre-history" and 

upost-history" of the sample to be taken into account. Obviously, in the latter 

case, analysis of the current sample cannot take place until its post-history has 

20 been assembled. 

' The source 2 may be connected to many individual telecommunication-$ 

links sequentially, in order to monitor the signal quality of a large number of links. 

Although particularly suited for non-intrusive measurement processes, the 

invention is also usable in so-called "'intrusive" measurements, in which a test 

25 signal is used as the source rather than a live one. 

The output 6 may be displayed in any suitable form to a user. For 

example a source generating a classification representing poor performance may be 

indicated to a network manager so that the telecommunications link represented 

by the source 2 can be taken out of service and repaired if necessary, the link 

30 being re-established by another routing if possible. In one possible arrangement, 

such action may be controlled automatically, or it may be left to a human controller 

to act on the indications supplied by the output 6. 
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The parameters recorded for each time frame may be stored as a short 

code, representing the parameters. This takes up less memory, and can also 

shorten processing time considerably. The sequence of codes of successive time 

frames should, like the parameters they represent, follow one of a number of 

5 recognised sequences corresponding to real speech sounds. Should a set of 

parameters be identified for a time frame which have a code which should not 

follow the previous members of the sequence, or which is not coded for at all, this 

indicates that a distortion is present. 

In order to generate the parameters stored in the store 4, the neural 

10 network 5 must first be trained to establish the network definition function, using 

training data. This process is illustrated in Figure 1. Test data is supplied from a 

training apparatus 1 to the vocal tract analyser 3. The training apparatus 1 also 

supplies classification parameters relating to the test data to the neural network 6 

to allow the generation of the labels for defining the network definition function to 

15 be stored in the store 4. 

The generation of these labels will now be described. In order to generate 

the volume of data required in order to train a neural net, using speech segments 

which are too short to be individually assessed accurately by a human operator, an 

automatic method of generating such signals has been devise.d. This process relies 

20 on the use of a perceptual analysis model, that is a process Which assesses 

whether a distortion of a signal is significant to a human listener. Initially a source 

of test signals 8 is provided which has two associated stores (8a,8b). The first 

store Sa has a "good" signal sample. The complete sample is typically of length of 

several hours. The second store Bb has a corresponding version of the same 

25 sample, which has been subjected to distortion, by means which will be described 

later. The sample stored in the second store Bb includes varying degrees and 

types of distortion. The distorted signal is divided into short segments (typically 

20 milliseconds) which are fed directly to the vocal tract analyser 3 (Figure 1). The 

analysis unit 9 compares the "good" sample with the distorted sample and 

30 generates a sequence of labels representing the degree to which the distortion 

present in each segment is deemed by the model to be perceptible to a human 

listener. This analysis process will be described in general terms here, but the 

• 
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analysis techniques used in published International Patent Applications numbers 

W094/00922, W095/01011, and W095/15035 are particularly suited. 

The analysis system is shown in more detail in Figure 4. The "good" 

sample and corresponding distorted sample are fed respectively through inputs 11 

5 and 12 to an auditory model 13, 14. These are shown for clarity as being separate 

models, but it will be appreciated that the samples may be passed alternately 

through the same model. It is in any case important that the same process is 

applied to both signals. The model generates a number of parameters which 

relates to the perceptual importance of the characteristics of individual signal 

10 segments. The process may involve separating the sample into various 

overlapping spectral bands, using overlapping filters to model the phenomenon of 

simultaneous masking, in which a sound masks a quieter simultaneous sound 

which is close to it in frequency, and may also involve comparing each segment 

with one or more previous or subsequent segments to model the phenomenon of 

15 temporal masking, in which a quiet sound immediately preceding or following a 

louder sound is less perceptible than if the louder sound is not present. As 

described in the aforementioned patent specifications, the auditory model process 

generates an auditory surface, and the two auditory surfaces corresponding to the 

"good" sample and the distorted sample are then compared in a comparator 15 to 

20 produce an error surface. These surfaces are essentially a measure over a number 

of time segments and frequency or pitch bands (the individual ranges of the bands 

having been selected to be of equal perceptual significance, e.g. by conforming the 

signal to the Bark scalet in which the perceived magnitude of the sound signal is 

represented on an axis perpendicular to both the pitch and time axes. Different 

25 weightings may be applied to positive and negative values, for example to account 

for the differences in impairment which result from signal loss as compared to 

added noise. If no distortion is present at all, the error surf ace will have a value of 

zero over the entire surf ace. If, as in the example to be discussed, the values on 

the error surf ace are determined as the absolute magnitude of the difference 

30 (possibly weighted as described) between auditory model outputs, all values of the 

error surface are positive. 

As described in the aforementioned patent applications, the characteristics 

of the error surf ace can be used to derive a value for the perceptual importance of 
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the errors carried thereon. As described in particular in international patent 

application W095/15035, the absolute magnitude of the error aggregated over the 

error surf ace is a factor in this value. However a contribution can also be made by 

a value which is dependent on the shape of the surface, described in that 

5 specification as the u error entropy0
• 

A final weighted value for "listening effort", V LE , which gives an indication 

of the absolute amount of distortion present, can be derived as follows: 

48 20 

Error Activity, EA= lOlogLLlc(i,j)I 
i=I j=I 

where c(i,j) is the error ·value in the i'h time segment and jth pitch band of the error 

10 surface to be analyzed. 

The distribution of the error over time and pitch (or rather, the entropy of 

the distortion, which corresponds to the reciprocal of the extent to which the 

energy is distributed) is calculated as follows: 

48 20 

15 Error entropy, EE= -LLa(i,j)• ln(a(i,j)) 
i=l J=l 

/· a lc(i,jJI 
where Q\l,]/ = ---

E,,, 
The natural logarithm (In) term in the above expression controls the extent 

to which the variation in the amplitude of the energy affects the entropy Ee, acting 

as a non-linear compression function. 

20 It is found that the error activity and error entropy criteria together 

correspond well to the subjectively perceived level of distortion, as the listener will 

find a high level of error considerably more noticeable if it is concentrated at a 

single pitch over a short period of time, rather than being distributed over pitch and 

time. 

25 The error entropy Ee gives a measure of the distribution of the error which 

is independent of the magnitude of the total amount of error, whereas the error 

activity EA gives a measure of the amount of error which is independent of its 

distribution. 
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In fact, to take account of the logarithmic units of the audible error 

amplitude scale employed in this embodiment, it is convenient to recast EA and EE 

as E'A and E'e, as follows: 

E',1 =ff 1 olc(i,j)I 
i=I j=I 

5 and 

n m 1olc<IJ>I (to'c(i.i)I) 
E' =-I: L ·In 

E H ,·-· E' E' - - A A 

The error activity and error entropy measures can then be combined to 

give a good indication of what the subjective listener response to distortion would 

1 O be, in a manner which is relatively robust to the actual nature of the distortion. 

15 

We have found that a good indication of the subjective "listening effort" 

measurement Y LE is given by 

where a1 = 8.373; a2 = 0.05388; and a3 = 0.4090. 

Suitable threshold values for Y LE can be used to determine whether a 

particular sample should be labelled as "well conditioned" or "ill conditioned". The 

20 label generator 17 performs the above calculations and outputs to neural net 5 the 

labels appropriate to the corresponding test signal segments produced by the 

temporal segmenter 1 O from the signals extracted from the store Sb. 

The source of distorted and "good" signals used in store 8 may be 

supplied from a pre-generated store. Various corpora of suitable data are already 

25 available, but further data may be readily generated. The generation of such data 

is relatively straightforward and is illustrated in Figure 5. 

An initial test signal, which may comprise several samples of real speech, 

using different talkers in order to ensure a representative selection. is fed to the 

•good" store Sa. The same signal is also fed through a distortion generator 19. 

30 The resulting distorted signal is stored in the "distorted" signal store Sb. Various 
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different sources of distortion may be applied. By using various permutations of 

different test signals and distortion types a large and representative corpus of test 

data can be generated to serve as training data to be supplied by the training data 

source 1. 

5 Typical forms of distortion are supplied to the test signal by the distortion 

generator 19 in order to supply a representative selection of such signals to the 

training process. These distortions can be generated to simulate various effects. 

They may be generated algorithmically (i.e. by mathematical manipulation of the 

samples, for example to emulate a prototype system~ or by passing the original 

10 signal through real apparatus, either in a test facility or in a real system such as a 

telecommunications network. 

The labels supplied by the training apparatus 1 to the neural network 5 win 

inform the network of the nature of the training signal being transmitted, and 

therefore enable it to apply appropriate weightings to the various parameters 

15 stored in the store 4 in respect of data having these characteristics. Examples of 

different types of distorted and undistorted signals are supplied by the training 

apparatus 1, so that the output 6 may identify not only that a perceptible 

distortion is present, but also the extent of impairment caused by the distortion, 

that is, how disturbing its presence is to the listener • 

20 . In order to ensure that the network definition is accurate, test data for 

which a classification is known in advance may be supplied at input 2, the 

classification generated by the network definition function in the neural network 5 

then being compared [by means not shown) with the known classification. 

• 
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CLAIMS 

1 . A method of assessing the quality of a signal carrying speech, in which 

5 the signal is analysed according to a spectral representation model to generate 

output parameters, the output parameters are weighted · according to a 

predetermined network definition function, and an output is generated derived from 

the weighted output parameters. 

10 2. A method according to claim 1, wherein the network definition function is· 

15 

derived in a preliminary step from data for which the output value is known. 

3. A method according to claim 1. or 2 wherein the spectral representation is 

an imperfect vocal tract model. 

4. A method according to any preceding claim, wherein the network 

definition function is generated using a trainable process, using well-conditioned 

and/or ill-conditioned samples, modelled by the spectral representation. 

20 5. A method according to c•aim 4, wherein the network definition function is 

established by means of the following steps: 

providing a training sequence comprising a first signal and a distorted 

version of the first signal; and 

determining the network definition function by measuring the perceptual 

25 degree of distortion present in each segment, as determined by an analysis process 

in which a distortion perception measure is generated which indicates the extent to 

which the distortion of said signal will be perceptible to a human listener. 

6. A method according to claim 5 in which the analysis process estimates the 

30 effect which would be produced on the human auditory system by distorted and 

undistorted versions of the same signal, and determines the differences between 

the said effects, and generates said distortion perception measure in dependence 

upon said difference. 

\ \11\ll\ \\\I\\ Ill\\ \\l\I \\\\I\ 
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W097/0S730 PCT/GB96/01821 

5 

18 

7. A method according to claim 5 or claim 6, in which the analysis process 

generates said distortion perception measure to depend upon perceptual intensity 

of said distortion, and to depend nonlinearly upon the amplitude of said distortion. 

8. A method according to claim 5, 6, or 7, in which the analysis process 

generates a plurality of spectral component signals of said test signal and/or said 

distorted signal. 

10 9. A method according to claim 8, in which the analysis process estimates, 

for each spectral component signal, the masking effect which that spectral 

component signal would produce on the human auditory system. 

10. A method according to claim 5, 6, 7, 8, or 9, in which said analysis 

15 process estimates the effect which said distortion would produce on the human 

auditory system taking into account the temporal persistence of said effect. 

11. A method according to claim 5, 6, 7, 8, 9, or 10, in which the analysis 

process decomposes the distorted signal into a plurality of spectral component 

20 bands, the spectral component bands being shaped to provide spectral masking; 

calculates the temporal masking of the signal due to preceding and/or succeeding 

temporal portions thereof; forms, for each of the spectral component signals, a 

representation of the difference between the component signal of the distorted 

signal and a correspondingly calculated component of the test signal; and 

25 generates said distortion perception measure from said difference representation. 

30 

12. A method according to claim 11 in which the analysis process generates a 

measure of the spectral and temporal distribution of the distortion from said 

difference signal. 

13. A method according to any preceding claim, in which the network 

definition function weightings are dependant on the temporal context of the output 

parameters 

\ \11\11\ \1\1\\ Ill\\ \\1\1 \\ \II\ 
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14. A method according to claim 13, wherein sequences of parameters are 

classified with weighting values derived from a control set of parameter 

sequences. 

15. A method according to claim 14, wherein the parameters identified for 

each member of the sequence are stored in shortened form, and weighted 

according to a labelled set of sequences also stored in shortened form. 

10 16. Apparatus for assessing the quality of a signal carrying speech, comprising 

means (3) for analysing the signal using a spectral representation to generate 

output parameters, storage means (4) for storing a set of weightings defining a 

network definition function, and means (5) for generating an output value derived 

from the output parameters and the network definition function. 

15 

17. Apparatus according to claim 16, comprising means for deriving the stored 

weightings from data for which the output value is known. 

18. Apparatus according to claim 16 or 17, wherein the spectral 

20 representation is an imperfect vocal tract model. 

19. Apparatus according to claims 16, 17, or 18 further comprising training 

means ( 1 ) for generating the stored set of weightings, the training means 

comprising means (10) for supplying a sample of speech to the analysis means (3); 

25 and means (9) for generating weightings relating to the speech sample, and 

inserting them in the storage means (4). 

• 

20. Apparatus according to claim 19, the training means comprising means f8) 

for providing a training sequence comprising a first signal (Ba) and a distorted 

30 version (Sb~ of the first signal, analysis means (9) for receiving the training 

sequence and generating a distortion perception measure for indicating the extent 

to which the distonion would be perceptible to a human listener, and for applying 

111111111111111111111111111111 
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the distortion perception measure to the trainable processing apparatus (6) to 

determine the network definition function (4). 

21. Apparatus according to clatm 20, in which the analysis means (9) 

5 comprises measurement means (13, 14) for estimating the effect which would be 

produced on the human auditory system by distorted and undistorted versions of 

the same signal, means (151 for determining the differences between the said 

effects, and means ( 17) for generating said distortion perception measure in 

dependence upon said difference. 

10 

15 

20 

22. Apparatus according to claim 20 or claim 21, in which the analysis means 

19) generates a distortion perception measure whose value is dependant upon 

perceptual intensity of said distortion, and dependant nonlinearly upon the 

amplitude of said distortion. 

23. Apparatus according to claim 20, claim 21 or claim 22, in which the 

analysis means (9) comprises measurement means (13, 14) for generating a 

plurality of spectral component signals of said test signal and/or said· distorted 

signal. 

24. Apparatus according to claim 23, in which the measurement means 

I 13, 14) estimates, for each spectral component signal, the masking effect which 

that spectral component signal would produce on the human auditory system. 

25 25. Apparatus according to claim 20, 21, 22, 23 or 24, in which the analysis 

means includes measurement means ( 13, 14) for estimating the effect which said 

distortion would produce on the human auditory system taking into account the 

temporal persistence of said effect. 

30 26. Apparatus according to claim 25, in which the analysis means (9) 

comprises measurement means 113, 14) for generating a time sequence of 

successive processed signal segments from said test signal and/or said distorted 

signal, the value of at least some signal segments being generated in dependence 

I 1111111 11111111111 ff Ill fl 1111 
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upon portions of said test signal and/or distorted signal which precede and/or 

succeed said signal segments. 

27. Apparatus according to claim 21, 22, 23, 24, 25, or 26, in which the 

5 analysis means (91 comprises measurement means (13, 14) for decomposing the 

distorted signal into a plurality of spectral component bands, the spectral 

component bands being shaped to provide spectral masking, and for calculating 

the temporal masking of the signal due to preceding and/or succeeding temporal 

portions thereof; means (15, 16) for forming, for each of the spectral component 

10 signals, a representation of the difference between the component signal of the 

distorted signal and a correspondingly calculated component of the test signal; and 

calculation means (171 for generating said distortion perception measure from said 

difference representation. 

15 28. Apparatus according to claim 27 in which the calculation means ( 17) 

generates a measure of the spectral and temporal distribution of the distortion from 

said difference signal. 

29. Apparatus according to any of claims 16 to 28, in which the weightings 

20 defining the network definition function are dependant on the temporal context of 

the output parameters, and comprising means 17) for storing output parameters 

relating to a plurality of temporal instants, the means (5) for generating an output 

value being arranged to derive the output value from the stored output parameters 

and the network definition function. 

25 

30 

30. Apparatus according to claim 29, comprising means for storing a sequence 

of the output parameters as they are generated and means for generating an 

output from said sequence in accordance with a set of predetermined weightings 

for such sequences. 

31. Apparatus according to claim 30, comprising means for storing the 

parameters of the sequences in shortened form. 

I 1111111 111111 11111 1111111 1111 
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32. Apparatus substantially as described with reference to the accompanying 

drawings 

33. A method substantially as described with reference to the accompanying • 
5 drawings. 
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