
Objective method of speech signal quality estimation 

Valentin A. Smirnov 

Department of Phonetics and Foreign Languages Teaching Methodology 
Saint-Petersburg State University, Saint-Petersburg, Russia 

smirnoff@phonetics.pu.ru  

Mikhail N. Gusev 

Department of Speech Technologies 
 Bercut Co. ltd., Saint-Petersburg, Russia 

mgaev@mail.lanck.net 
 
 

Abstract 

This paper concerns a method of an objective estimation of 
speech signal quality. We discuss the necessity of developing 
new methods on the basis of the properties’ analysis of known 
quality estimation methods. The opportunity of the most 
general account of auditory sense properties and speech 
processing is considered. Results of applying an offered 
method to voice coders’ quality estimation are given. 

1. Introduction 

Sound signal quality estimation gets the increasing value due 
to increasing importance of mobile communication, systems of 
synthetic telephony, various portable sound recording devices 
and sound reproducing devices. This fact makes it valuable to 
produce an automatic method, which would provide for 
objective estimation (i.e. estimation held without the help of 
human subjects). Such method would be worthy both for 
comparison of competitive commercial products, and for 
parameters’ optimization of a proprietary product. 

One of the main parameters in compression, transfer and 
reproduction systems of the sound information is the quality 
of the restored, perceived or reproduced sound. 

Quantitative measurement of sound quality has specific 
features due to the fact that the final receiver of a sound signal 
is always a human, and a human is also a source of the 
majority of sound signals. Thus, sound signal quality is 
determined not only by the characteristics of sound 
processing and sound transfer systems, but also by individual 
peculiarities of speech perception and production. 

2. Method of quality estimation 

2.1. The review 

There are two distinct methods aimed at speech quality 
measurement, namely: subjective and objective methods. The 
former uses the auditory sense of a person as a component of 

measuring complex. The latter, on the contrary, excludes 
subject’s participation from the process of measurements. 

The most widespread subjective method of speech quality 
estimation is MOS estimation (Mean Opinion Score, average 
value judgment), based on a five-point scale. 

This kind of estimation is determined by processing 
grades assigned by groups of subjects to the sequences of 
sound signals, reproduced by various audio systems. Each 
subject estimates each signal and the results are averaged. 

The organization of subjective estimation is quite difficult, 
long and expensive, therefore investigations have been 
conducted in order to find objective methods, allowing to 
receive fast and automated estimations which would well 
correspond to subjective ones. Below a number of such 
methods are listed [1, 2]: 
• AI  - Articulation Index; 
• SII - Speech Intelligibility Index; 
• STI - Speech Transmission Index (Standard IEC 268-16); 
• RATSI/STIPA - Rapid Speech Transmission Index; 
• C50 - factor of clearness; 
• PSQM - Perceptual Speech Quality Measure 

(recommendation ITUT P.861). 
Listed methods have one common disadvantage: although 

they are designed to define sound signal quality, they do not 
take into account all properties of auditory sense and speech 
processing. 

The need to develop new methods and to improve existing 
ones is caused by desire to bring together objective and 
subjective quality estimation, and to explicitly use in such 
systems our knowledge about speech production and 
processing. 

2.2. Critical bands 

Our method for comparing initial and test signals is based on 
sets of frequency bands, which take into account features of 
auditory sense and speech processing. 

The speech path represents a complicated acoustic 
system. Acoustics of a speech path is non-stationary and 
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non-linear. When articulators are moving the form and volume 
of the top resonator change. 

Human ear is a non-linear system as well. Sounds with 
high and low frequencies are perceived differently and with 
differing accuracy. Thus, maximum sensitivity lies in the area 
between 1 and 4 kHz – the most important zone in the 
spectrum of human speech. 

Many known scientists are engaged in studying the 
properties of auditory sense and speech processing. Cviker, 
Fletcher, and Sapozhkov defined critical bands of auditory 
sense (frequency areas, important for recognizing speech 
sounds). Their approaches differ, hence, various sets of 
critical bands have been offered [2 - 5]. 

Critical bands of auditory sense do not have one-to-one 
correspondence with frequency areas selected at the 
framework of speech processing research. Thus, taking speech 
signal properties as the basis, Pokrovskiy has determined 
critical bands as the bands providing equal probability of 
finding formants in them [5], while Sorokin has determined 
resonator bands, which are characteristic of various speech 
sounds. Sorokin’s approach is based on speech resonators’ 
properties [6]. 

It is natural to suppose that using critical bands 
(irrespective of the fact how they are determined) for speech 
quality estimation purposes will yield better results, than 
application of any other frequency bands. Besides, 
simultaneous application of critical bands determined by 
different authors, will allow taking into account various 
aspects of auditory sense and speech processing. 

2.3. Algorithm of quality estimation 

Any sound signal can be separated into active and inactive 
phases. The former corresponds to active sound processes, 
the latter – to low-level background noise. The easiest way of 
dividing these two phases is to divide them by energy 
threshold. However such approach is not accurate enough. In 
our approach we use VAD algorithm fixed in recommendation 
G.723 for this purpose. 

Thus, initial and tested sound signals are analyzed and 
separated into active and inactive phases (fig. 1). Further, 
fragments of active and inactive phases are synchronized (the 
fragments are time-aligned) and analyzed using blocks which 
comprise the unified algorithm. 

First, the integral spectrum is determined for each 
fragment using discrete cosine transformation (DCT). Energy 
levels are determined for all sets of critical bands. 

In addition to all the bands listed above, logarithmic bands, 
or bands of equal loudness, are used [2]. Logarithmic bands are 
not fixed and are calculated before each comparison on an 
integral spectrum of initial signal. 

The algorithm of comparison for one set of bands is 
presented on figure 2. The initial quality estimation value is 
taken as 100 %. Further it decreases proportionally to 
distinction of energies of the bands. Quality estimation value 
on each set of bands is determined. The overall quality 

estimation value is calculated as an average value of separate 
estimations on different band sets (1). 
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Fig. 1. Algorithm of sound signal quality estimation. 
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where: 

Nk – Amount of used tables of bands; 

k – Current table number; 

kdQ – Estimation received for the kth table of bands; 

dQ – Incorporated estimation of all tables; 

The Quality estimation for both active and inactive phases 

is determined as an average, on all pairs of fragments: 

( )
t

tdQtdQ
tdQtdQ 1

1
−−

+−= , 11 dQdQ = ,       (2) 

where: 

tdQ –  integral value of quality loss; 

1−tdQ – integral value of quality on the previous step; 

tdQ – value of quality on a pair of fragments with number t; 

1dQ – value of quality on the first pair of fragments; 

t – number of a pair of fragments. 

The resulting quality estimation for the whole signal 

( dQGlobal ) is determined as the sum of the weighed quality 

estimation of active ( ( )ActivetdQ ) and inactive 

( ( )PausetdQ ) phases: 

( ) ( )PausetdQActivetdQdQGlobal ⋅+⋅= 1,09,0     (3) 

3. Discussion 

We used our method to get quality estimations for several 
standard voice coders [2]. As a test signal we used a number 
of records of the phonetically representative text 1 read aloud 
by people of different age of both genders. These records were 
developed at the Phonetics dpt. at Saint-Petersburg State 
University). Quality estimation values are presented in the 
table below. 

 

 

 

 

 

 

 

 
                                                                 
1 Text, containing all possible variations of Russian phonemes.  

Table. Quality estimation values of sound voice coders 

Codec MOS PhRT 
A-Law 4,10 4,84 

Mu-Law 4,10 4,82 
G.723.6.3 3,90 3,95 
GSM.6.10 3,70 3,21 
G.723.5.3 3,65 3,93 

4. Conclusions  

Described method of speech signal quality estimation has a 
number of advantages over known methods, namely: 
• Resulting estimations correlate well with MOS 

estimations; 
• Described method takes into account the properties of 

auditory sense and the properties of speech production. 
We are now applying the method described to estimate the 
quality of telephone channels and IP-telephony. We are 
searching for optimum algorithms of synchronization and 
trying to specify the dependence between quality estimation 
and syllabic legibility. 

Besides, we develop a similar algorithm based on 
correlation computation. This will allow comparing signals at 
presence of significant distortions 
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