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his article presents a tutorial overview of models for
estimating the quality experienced by users of
speech transmission and communication services.
Such models can be classified as either parametric
or signal based. Signal-based models use input
speech signals measured at the electrical or acoustic interfaces
of the transmission channel. Parametric models, on the other
hand, depend on signal and system parameters estimated during network planning or at run time. This tutorial describes the
underlying principles as well as advantages and limitations of
existing models. It also presents new developments, thus serving as a guide to an appropriate usage of the multitude of current and emerging speech quality models.
INTRODUCTION
Since the large-scale introduction of telephony networks,
efforts have been made to guarantee high-quality and reliable
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services to human users. Transmission performance was initially measured by informally exchanging phonetically rich
phrases between two network terminals, thus quantifying the
intelligibility associated with the channel. Later, such informal
procedures were replaced by standardized listening-only and
conversational tests that provided more stable conditions—
and thus smaller confidence intervals—when asking test participants to rate the (perceived) loudness or intelligibility,
listening effort, or overall quality of the heard speech samples
or conversations [28].
For a participant in a quality judgment experiment, for
example, speech quality is regarded as a multidimensional
construct, as it is the result of three processes: perception
(P), judgment (J), and description (D), as depicted in Figure
1. The perception processes are triggered by a so-called
“physical event” (i.e., a sound wave reaching the human
ears), which gives rise to a “perceptual event.” We use the
term “event” to denote an instance of occurrence of a phenomenon in time and space; see [4]. This “perceptual event”
can also be described in a multidimensional way, wherein
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[FIG1] Schematic representation of a participant in a quality
judgment experiment; see [55].

features such as loudness, coloration, or noisiness are quantified [55], [60], [61].
The features of the perceptual event are further compared to
the desired features of some internal reference [42], [55]. This
reference can be formed via repeated telephone usage experiences, but it also reflects numerous context- and situationdependent factors such as the user’s expectations (e.g., free
versus paid call), motivation (e.g., urgent call), and experience
(e.g., avid mobile phone user); the test setup (e.g., listeningonly, conversational) and audio bandwidth (e.g., narrowband
versus wideband); as well as environmental factors (e.g., noisy
versus quiet environments), to name a few [51]. The result of
this comparison is a “quality event” that may be quantitatively
described as a judgment of the “overall quality.” Unfortunately,
both the “perceptual event” and the “quality event” are internal
to the perceiving human (denoted by the dotted line around the
processes in Figure 1). To quantify salient attributes of these
internal events, one has to rely on human test participants
expressing their “subjective” judgments in terms of opinion
scores. Most commonly, the mean opinion score (MOS) is used
where the individual participants’ scores are averaged to level
out individual factors. As such, subjective methods are timeconsuming, laborious, and expensive, thus prompting the development of instrumental or so-called “objective” speech quality
estimation methods.
Instrumental models are used to estimate the average
user judg ment of the quality of a service. Commonly,
though not necessarily, individual experiences and requirements are not taken into account by these models. Most
models provide an estimate of the “overall quality” judged
in a quiet listening-only or conversational context
according to standardized test conditions [34], or with the
consideration of background noise and its suppression [37].
Other models estimate multiple quality features such as
coloration, noisiness, and continuity [61], [7]. The models
(Figure 2) base their estimations
1) on signals that can either be measured at the electrical or
the acoustic interfaces of the transmission channel of interest
(signal based)
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[FIG2] Types of instrumenal models. (a) Full-reference
signal-based model; (b) reference-free signal-based model;
(c) parametric model; (d) protocol-information-based and hybrid
model.

2) on parameters that are estimated during the network planning phase (parametric)
3) on parameters collected at run time from network processes and control protocols
4) on a combination of 1) and 2) (hybrid models).
In the last scenario, the speech signal at the network output
can be used alone or together with the network input speech
signal, as depicted by the dashed line in Figure 2(d). Existing
models can provide quality estimates for the classical narrowband (NB) (300–3,400 Hz), wide-band (WB) 50–7,000 Hz), or
superwide-band (SWB) 50–14,000 Hz) signals. Table 1 gives an
overview of models currently standardized or being discussed by
relevant standardization bodies.
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selecting a model usage mode
SIGNAL-BASED MODELS
TWO TYPES OF SIGNAL-BASED
(NB, WB, or SWB) or separate
Signal-based models employ
MODELS EXIST: FULL-REFERENCE AND
model varieties for different test
speech signals transmitted or
REFERENCE-FREE MODELS.
contexts.
otherwise modified by speech
Existing reference-based
processing systems to estimate
models comprise three components: 1) a preprocessing step
quality. Most models provide quality estimations according to
including a level- and time-alignment of the two speech signals;
the Absolute Category Rating (ACR) listening quality scale
2) a perceptual transformation of the speech signals simulating
defined in [34], but recently other models have been designed to
parts of the peripheral human auditory system; and 3) an
predict individual quality features [52], [58], [62]. Two types of
assessment unit that compares the two perceptually transsignal-based models exist: full-reference (also known as “intruformed signals. The most widespread full-reference model, the
sive” or “double-ended”) models, which depend on a reference
Perceptual Evaluation of Speech Quality (PESQ) [39] provides
(system input) speech signal and a corresponding degraded (sysquality estimates for NB speech signals. It is based on its predetem output) speech signal; and reference-free (“nonintrusive” or
cessor, the Perceptual Speech Quality Measure [(PSQM), for“single-ended”) models, which depend only on the latter
merly standardized in [38], but shows an improved performance
degraded signal.
for packet-switched networks by employing a better time-alignThe idea of a full-reference model for predicting listeningment algorithm and a different perceptual model]. To support
only quality is simple—assuming that the aim is to transmit a
burgeoning WB speech services, a WB extension of PESQ, called
speech signal over a channel without any perceptual degradaWB-PESQ [40], was standardized in 2005. However, this model
tion, then the perceptually weighted distance between the chanhas a limited scope, as it does not cover electroacoustic transnel input and output signals should be indicative of the speech
ducers, voice quality enhancement (VQE), and time-warping
transmission quality. It is important that the distance be calcualgorithms [39]. Therefore, Study Group 12 of the International
lated on a perceptual level, as modern speech transmission
Telecommunication Union (ITU) developed a new model called
channels do not aim at reproducing the exact signal, but only
Perceptual Objective Listening Quality Assessment (POLQA)
generate a similarly sounding signal at the output.
[24], which provides quality estimations in both NB and SWB
This underlying principle also points at some principal
contexts, and which is intended to cover the majority of existing
weaknesses of such models; because a comparison is made with
telephone network scenarios.
respect to the input signal, this signal also has to reflect all the
The POLQA model provides quality estimation for fixed,
desired features of Figure 1 to correctly reflect the quality judgmobile, and IP-based telephony services, including speech
ment process. Most models, however, predict the judgment
processing systems such as G.711.1, G.718, Skype SILK,
made in an ACR test, and not in a paired-comparison paradigm.
Adaptive Multirate AMR-WB+, Advanced Audio Coding AAC
In an ACR test, the listener has no direct access to the reference
LD, Enhanced Variable Rate Codecs (EVRC), and Continuous
input signal; the desired features are induced from the listener’s
Variable Slope Delta Modulation (CVSD) codecs, as well as
experience by the test context, e.g., by the fact that the test conVQE algorithms (e.g., noise reduction, bandwidth extension,
tains only NB, WB, or SWB stimuli. The test context circumand automatic gain control). In its SWB mode, POLQA has a
scribing the listener judgment is usually accounted for by

[TABLE 1] TAXONOMY OF STANDARD OBJECTIVE SPEECH QUALITY PREDICTION MODELS.
QUALITY ASPECT

TYPE OF INPUT

INPUT

AUDIO BANDWIDTH

EXAMPLE

L-OQ

SIGNAL

M: 1 e
M: 2 e

L-N
L-M
C-OQ

PARAM.
SIGNAL
SIGNAL
SIGNAL

M: 2 e/a
P
M: 2e
M: 2e/A
M: 1e

NB
NB
WB
NB/SWB
NB, WB
NB
NB/SWB
NB

PARAM.

E

PARAM.

E

P.563 [32], ANIQUE+[46]
PSQM (P.861) [38], PESQ (P.862) [39]
WB-PESQ (P.862.2) [40]
P.OLQA (P.863) [24]
P.564 [33]
ETSI EG 202 396-3 [10]
P.AMD [25]
P.562 (CALL CLARITY INDEX [31],
NONINTRUSIVE E-MODEL)
PESQM [2]
E-MODEL (G.107) [29]
WB E-MODEL (G.107) [29]
DIMENSION-BASED WB E-MODEL [27]

M: 2e

C-M

NB
NB
WB
WB

Quality aspects: L 5 listening-only overall quality; L-N 5 listening-only for speech quality, noise quality, and overall quality; L-M 5 listening-only with several quality dimensions; C-OQ 5
conversational overall quality; C-M 5 conversational with several quality dimensions. Input: M 5 measurement; P 5 protocol information; E 5 offline measurement or estimation; 1 5 one
signal; 2 5 two signals; a: acoustic signal, i.e., talker’s speech signal measured by microphone(s); e: electric signal, i.e., talker’s speech signal measured anywhere along the network transmission path. Audio bandwidth: NB 5 30023,400 Hz; WB 5 5027,000 Hz; SWB 5 5024,000 Hz. Exemplary models will be discussed in the subsequent text.
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by means of the so-called “relawider scope than WB-PESQ: it
REFERENCE-FREE MODELS HAVE
tive approach” [17], which
covers a wider bandwidth, from
GAINED MUCH ATTENTION RECENTLY
emphasizes dynamic characterNB to SWB, and specific degraAS REFERENCE SPEECH SIGNALS ARE
istics of the noise signal.
dations such as frequency disNOT READILY AVAILABLE WITH
Reference-free models have
tortions introduced by user’s
IN-SERVICE NETWORKS.
gained much attention recently
terminal and nonoptimal lisas reference speech signals are
tening levels. The assessment
not readily available with in-service networks. Like the particiunit in POLQA uses an “idealized” signal, instead of the
pants in ACR-type listening tests, reference-free models assess
standard input reference signal for comparison; computes
speech quality without the need to “listen” to a high-quality
six different quality values; and combines them into an over“clean” version of the target signal. Humans, through their
all speech quality estimate. The estimate is computed in the
experience, have acquired knowledge of normal and abnormal
so-called “cognitive” model that simulates high-level cogniphenomena in speech sounds. Subjects in ACR listening tests
tive processes. Details on the standardized model can be
rely only on this prior knowledge (desired features in Figure 1)
found in [24].
to judge speech quality. In a similar vein, reference-free models
Signal-based models for assessing the overall quality of a
utilize prior knowledge of normal and/or abnormal behavior of
transmission channel provide an estimate of the quality level
speech signal features to estimate speech quality. To represent
that can be reached with that particular channel; however, they
prior knowledge, existing reference-free models employ models
do not provide insight into why a particular channel is good or
of speech production [19], speech perception [46], speech signal
bad. Thus, further information is necessary to diagnose the
feature likelihood [14], [43], or a combination thereof [48].
sources of poor quality. Such insight can be gained from modIn 2004, ITU-T held a competition to standardize a nonels that predict multiple quality features. For a variety of modintrusive signal-based measure. Two algorithms stood out
ern transmission channels, Wältermann et al. [61] have
during this competition; one became the ITU standard P.563
uncovered three underlying orthogonal perceptual dimensions,
[32] and the other, ANIQUE+, became an American National
i.e., discontinuity, coloration, and noisiness. Additionally, as
Standard Institute (ANSI) standard [1], [46]. While these
recently documented in [7], the inclusion of a loudness dimenmodels have been shown to be reliable for many telecommusion can also be useful in cases where nonoptimal (i.e., too
nications scenarios, recent research has suggested that their
high or too low) listening levels are present. Other dimensions
quality prediction per formance is compromised for scenarios
pertaining to signal and/or background perceptual quality have
involving VQE algorithms (e.g., noise suppression [9] and
been proposed in [60]. These dimensions were first determined
dereverberation [16]) and wireless-VoIP tandem connections
via psychoacoustic experiments. Subsequently, multidimen[12]. For both NB and WB reverberant and dereverberated
sional instrumental reference-based quality models were develspeech, a no-reference quality model termed speech-to-reveroped to estimate such percepts, such as the four-dimensional
beration modulation energy ratio (SRMR) has been recently
model recently documented by Côté [8], among others (e.g.,
proposed [16] and is available as open-source software for aca[52], [58], and [59]). Moreover, on the basis of multiple comdemic and research purposes. Directives on how to download
puted quality features, it is possible to estimate the overall
the SRMR toolbox for MATLAB (Mathworks) can be obtained
quality as a linear combination of the constituent features, as
by contacting Tiago H. Falk. Table 2 summarizes applicaproposed in [62].
tion conditions in which the abovementioned standardized
Estimation of multiple dimensions is also advantageous
signal-based quality models have been recommended to be
when characterizing the quality of noise-suppressed speech.
used and to be avoided.
Noise suppression algorithms can introduce unwanted artiThe signal-based models presented so far aim at predicting
facts to the speech signal, such as musical noise. In such situspeech quality or its features in a listening-only context.
ations, listeners can become confused as to which
However, a primary goal of telecommunication speech services
components of a noisy speech signal should form the basis of
is to enable users to interact through conversations. Ease of
their ratings of overall quality. To reduce the error variance
conversation or interaction is however not measured in listen(or listener uncertainty) in the subjects’ ratings of overall
ing-only quality assessments, where the listeners do not interact
quality, the subjective test procedure recommended in ITU-T
with the speaker. In telephony conversations, interactivity is
Rec. P.835 [37] instructs the listener to successively attend to
affected by the mouth-to-ear transmission delay. Large delays
and rate three different components of the noise suppressed
make it hard to interrupt the speaker, to promptly exchange
speech signal: the speech signal alone (SMOS), background
turn for speaking, and for two simultaneous speakers to quickly
noise alone (NMOS), and the overall quality effect (GMOS). A
return to a single-talker configuration. Also, the annoyance
full-reference model that estimates these three indices has
level of echoes [18] increases with delay. Echoes can be caused
been developed by the European Telecommunications
by reflections of the talker’s speech across four-wire-two-wire
Standardization Institute (ETSI) and is recommended in [10].
circuit interfaces or across the acoustic interface (loudspeakerBesides an estimation of the speech quality that is based on a
microphone coupling).
clean speech reference signal, the noise impact is estimated
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not available; instead, the netThe ITU-T P.561 standard
APART FROM PARAMETRIC MODELS
work is characterized by the
specifies requirements for in-serLIKE CCI AND THE E-MODEL,
technical specifications of its
vice nonintrusive measurement
SIGNAL-BASED MODELS ALSO HAVE
constituent elements. Such specdevices (INMDs) to measure twoBEEN EXTENDED TO PROVIDE
ifications include, amongst othway speech transmission path
ESTIMATIONS OF CONVERSATIONAL
ers, the frequency-weighted
parameters such as speech and
insertion loss (so-called “loudnoise levels, echo loss, and path
QUALITY.
ness rating”) and the delay assodelay [30]. A proprietary method
ciated with a particular transmission path, the power of
called call clarity index (CCI), described in ITU-T P.562 Annex A,
signal-correlated or uncorrelated noise inserted by the equipmaps these measured parameters to an estimated conversationment, the probability that packets get lost or discarded in
al MOS value [31]. Within this paradigm, researchers have
Internet-Protocol-(IP)-based transmission, as well as the type of
devised signal measurement algorithms to calculate the “planspeech codec and error concealment techniques used. Most of
ning” parameters in the parametric E-model (described in the
these specifications can be quantified in terms of planning
section “Parametric Models”) for the purpose of estimating lisparameters that enable parametric estimation of speech quality
tening or conversational quality.
prior to the connection becoming live.
Apart from parametric models like CCI and the E-model,
The E-model [44] can be treated as an archetypal parametric
signal-based models also have been extended to provide estimamodel used to estimate the quality associated with a speech
tions of conversational quality. In a first step, Appel and
transmission channel in a conversational context. Thus, in conBeerends [2] developed a model for talking-only speech quality,
trast to models that estimate listening quality, the E-model
called Perceptual Echo and Sidetone Quality Measure (PESQM),
takes “two-way interaction effects” such as delay and echoes
which is based on PESQ. It takes into account the impact of
into account. The model features impairment factors that paradegradations such as talker echo, coding artifacts, and additive
metrically capture the different types of impairments in a telenoise on the talker’s perception of his/her own voice. Guéguin
phone connection, covering the complete transmission chain
et al. [20] proposed a signal-based model of conversational
from the mouth of the speaker to the ear of the listener.
speech quality that combines both PESQ and PESQM with an
The E-model impairments are grouped into four classes: 1)
estimation of the conversational impact of pure delay, the latter
impairments affecting the basic signal-to-noise ratio of the
being derived from the E-model. None of these approaches has
transmission channel, such as ambient noise or circuit noise; 2)
been standardized yet, but the definition and validation of a sigimpairments occurring simultaneously with the speech signal,
nal-based model for conversational speech quality is a work
such as a nonoptimal sidetone level, or quantization distortions
item in ITU-T Study Group 12.
resulting from pulse-code modulation (PCM); 3) impairments
occurring delayed with respect to the speech signal, such as
PARAMETRIC MODELS
talker and listener echoes, or the conversational impact of pure
Signal-based models require speech signals as input to the qualdelay; and 4) impairments resulting from nonlinear and/or
ity estimation method. Thus, at least a prototype implementatime-varying equipment, such as coding distortions or the
tion or simulation of the transmission channel has to be set up.
effects of packet loss.
During the network design process, such signals are commonly

[TABLE 2] APPLICATION CONDITIONS IN WHICH EXISTING SIGNAL-BASED MODELS
ARE RECOMMENDED TO BE USED AND TO BE AVOIDED.
MODEL

RECOMMENDED FOR

LIMITATIONS

PESQ

INPUT LEVELS, TRANSMISSION CHANNEL ERRORS, PACKET LOSS
WITH OR WITHOUT CONCEALMENT, BIT-RATES, TRANSCODINGS,
NOISE AT SENDING SIDE, TIME-VARYING DELAY, WAVEFORM
CODECS, CELP CODECS, OTHER CODECS (CF. [39])

LISTENING LEVELS, LOUDNESS, HYBRID CODECS SUCH AS
AMR AND EVRC, TIME-WARPING, NOISE REDUCTION,
ECHO CANCELLATION

WB-PESQ

AS ABOVE, BUT WITH WB TRANSMISSION

AS ABOVE WITH WB TRANSMISSION, HYBRID CODECS
SUCH AS AMR-WB, G.729.1 AND EVRC-WB (CF. [8])

POLQA

SAME AS PESQ ABOVE, BUT WITH SWB TRANSMISSION,
VQE ALGORITHMS, SHORT TIME-WARPING ALGORITHMS,
ELECTRO-ACOUSTIC TRANSDUCERS, HYBRID SPEECH CODECS

STRONG TIME-WARPING DISTORTIONS, EVRC CODECS

ETSI EG 202 396-3

NOISE REDUCTION ALGORITHMS, IN NB OR WB TRANSMISSIONS

P.563

SAME AS PESQ ABOVE AND FOR SHORT- AND LONG-TERM TIME
WARPING OF THE SPEECH SIGNAL (CF. [32])

TALKER ECHO, SIDETONES, LOW BITRATE (< 4KBPS) LPC
VOCODER TECHNOLOGIES, SINGING VOICE. ALSO,
APPLICATION SCENARIOS INVOLVING VQE ARTIFACTS,
BITRATE MISMATCH BETWEEN ENCODER AND DECODER,
AND AMPLITUDE CLIPPING WERE NOT FULLY VALIDATED
DURING THE TIME OF THE STANDARDIZATION

ANIQUE+

SAME AS P.563 ABOVE

SAME AS P.563 ABOVE

IEEE SIGNAL PROCESSING MAGAZINE [22] NOVEMBER 2011

In each class, the degradation is quantified in terms of a socalled “impairment factor” that is assumed to be additive on a
perceptual scale. Thus, the overall transmission rating of the
connection can be expressed by
R 5 Ro 2 Is 2 Id 2 Ie, eff 1 A,

(1)

where Ro is the basic signal-to-noise ratio of the channel, Is
is the impairment factor related to the simultaneous degradations, Id is the impairment factor related to delayed degradations, and Ie, eff is the impairment factor related to nonlinear
and time-varying degradations. A is called the advantage factor and reflects the quality expectation of the user. Depending
on particular circumstances, such as mobile connections or
connections to hard-to-reach areas, the user’s quality expectation may differ from the norm; roughly speaking, A serves
to adjust the desired features of Figure 1. The final transmission rating R (range: 0 = worst . . . 100 5 best) can easily be
transformed to a conversational MOS, which is the average
rating on an overall quality scale collected in a conversation
test carried out according to [34], following an S-shaped
curve defined in [29].
Note that the transmission rating scale R can also be
deployed for providing information on a purely perceptual level.
In other words, the transmission system-based impairment factors described above can be replaced by multiple perceptualdimension-related impairment factors, such as discontinuity,
noisiness, and coloration [27].
Also, the E-model was originally developed for NB speech
transmission. With an increase in wideband VoIP usage, the
E-model framework has recently been updated to also provide
valid predictions for WB transmission [54]. A complete
WB-version of the E-model is expected at the end of the current ITU-T study period (2009–2012). In this case, the transmission rating scale is extended to the range 0 . . . 129 to reflect the
potential quality advantage of WB transmission. Further extensions are currently being discussed for SWB transmission,
where maximum values of R 5 179 have been observed in auditory tests [64]. Due to its general nature and dispensation of signal input, the E-model is especially attractive for network
planning. For this such purpose, the E-model is recommended
by the ITU-T [29]. A list of recommended and not recommended

application conditions of the NB and the WB version of the
E-model is given in Table 3.
PROTOCOL-INFORMATION-BASED MODELS
The E-model has also been used for monitoring quality of VoIP
in many studies [55], but it often does not provide accurate
measurements for individual calls. As a consequence, alternative models based on protocol information as input have been
developed. Instead of using the voice payload of the transmitted packets, the models exploit protocol header information
such as the time stamps and sequence numbers from RTP [22]
headers for delay and packet-loss-related information, and
information on the end-point behavior such as dropped packets statistics or PLC information [23]. The main goal of such
models is to enable passive network and/or end-point monitoring with a lightweight parametric approach, at the same time
avoiding privacy concerns when accessing user-related payload
information. The models can be employed at different locations in the service chain; by locating the model and measurement points in the client, the network, or both, solutions
adaptable to different architectures are enabled (see the section “Practical Guidance” for more details). Examples of models of this type are described in [5] and [6]. Instead of
standardizing an individual method, ITU-T recommends a procedure for validating NB- or WB-listening quality monitoring
models by taking PESQ predictions as the reference; this procedure is described in [33]. An update of this procedure is
expected with the new POLQA standard [24] for full reference
quality prediction. One of the main differences to parametric
planning models such as the E-model is that quality is followed and pooled over time, enabling more accurate predictions of per-call quality for the case of nonuniform packet loss.
A comparison of parameter-based models employing different
ways of temporal integration or pooling can be found, for
example, in [53]. Table 4 summarizes the application areas of
models that correspond to [33].
HYBRID APPROACHES
Modern communication scenarios can involve tandeming and
internetworking of heterogeneous links, thus leading to
impairment combinations that compromise the performance
of existing quality measurement algorithms. For instance, in

[TABLE 3] APPLICATION CONDITIONS IN WHICH PARAMETRIC MODELS
ARE RECOMMENDED TO BE USED AND TO BE AVOIDED.
MODEL

RECOMMENDED FOR

LIMITATIONS

E-MODEL

NB HANDSET TELEPHONY, INCLUDING THE EFFECTS OF OVERALL
LOUDNESS, FREQUENCY DISTORTION, QUANTIZING DISTORTION, CODING,
BACKGROUND NOISE, CIRCUIT NOISE, NONOPTIMUM SIDETONE LEVEL,
TALKER AND LISTENER ECHO, PURE DELAY, RANDOM AND BURSTY
PACKET LOSS

DIFFERENT LISTENING LEVELS, NONHANDSET
TERMINALS INCLUDING NOISE REDUCTION AND
ECHO CANCELLATION [50]

WB E-MODEL

WB TELEPHONY WITH HANDSET AND HEADPHONE LISTENING, INCLUDING
CODING DISTORTIONS AND RANDOM PACKET LOSS [29]; FIRST EXTENSIONS
PROPOSED FOR OVERALL LOUDNESS, FREQUENCY DISTORTION, AND SEND
SIDE NOISE

NONOPTIMUM SIDETONE LEVEL, TALKER
AND LISTENER ECHO, PURE DELAY, OTHER
TERMINALS INCLUDING NOISE REDUCTION AND
ECHO CANCELLATION, BANDWIDTH EXTENSION
ALGORITHMS
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[TABLE 4] APPLICATION CONDITIONS IN PROTOCOL-INFORMATION-BASED MODELS
ARE RECOMMENDED TO BE USED AND TO BE AVOIDED.
MODEL

RECOMMENDED FOR

LIMITATIONS

P.564

APPLICATION RANGE DETERMINED BY INPUT INFORMATION
AVAILABLE AT MEASUREMENT POINT AND APPLICATION
RANGE OF PESQ

PREDICTIONS FOR EFFECTS NOT ADDRESSED BY PESQ, SUCH AS
ECHO OR DELAY, CANNOT BE VALIDATED USING [33]; ECHO AND
OTHER INFORMATION AS AVAILABLE E.G., FROM THE CLIENT [23]
MUST BE MEANINGFUL

wireless VoIP tandem communications, standard signal-based
models such as PESQ [39] and P.563 [32] were shown to be
sensitive to varying packet loss rates and PLC strategies [12],
[13]. Parametric models, in turn, were shown to be sensitive to
acoustic background noise combined with PLC artifacts, as
well as noise suppression artifacts combined with speech codec
distortions [13].
Hybrid approaches, which can make use of both the signal
decoded from the payload and IP connection parameters
extracted from protocol header information, have been proposed to overcome the limitations of pure signal and pure parametric/protocol-based approaches. The model developed in [13],
for example, made use of IP connection parameters such as
codec and PLC type, packet size, and packet loss pattern to
determine a “base quality” representative of the transmission
link under test. Distortions that were not captured by the connection parameters, such as the acoustic noise type and level,
temporal clippings, and PLC and noise suppression artifacts,
were computed from perceptual features extracted from the
decoded speech signal and used to adjust the base quality
accordingly.
Alternately, hybrid approaches can also be taken when
input parameters (e.g., the codec algorithm used to generate
the speech payload or other codec-related impairment factors)
of a parametric model are unobserved or otherwise unavailable. For example, if the E-model is to be used in conjunction
with a new type of codec, a corresponding effective equipment
impairment factor Ie, eff has to be derived. For this purpose,
the ITU-T recommends either to carry out listening-only tests,
or to rely on signal-based full-reference models. A full-reference model such as PESQ is able to estimate adequate Ie, eff
values, provided that the estimations are normalized for biases
resulting from the test stimuli; the corresponding normalization procedures are defined in [35] for NB and in [36] for WB
speech transmission.
In general, hybrid approaches entail fusing diverse information that is more readily or economically accessible, reliable, or
timely in specific speech quality estimation applications. For
instance, in speech transmission over tandem links, measuring
the degradations at each link endpoint and distributing the
measurements across network nodes along the transmission
path provides more accurate estimates of speech quality than
relying only on information at transmission endpoints. Such
distributed measurement also provides diagnostics that would
enable isolating sources of degradation to specific network elements. With evolving wireline and wireless networks, opportu-

nities abound for embedding into network elements
functionalities for distributed quality monitoring, diagnosis,
remedy, and assurance.
PRACTICAL GUIDANCE
Given the multitude of available models, it is not always
apparent to the practitioner which model to apply for a given
purpose. To further complicate the situation, users are often
faced with multiple models that are deemed applicable to a
specific application. In Table 5, we compile a list of currently
recommended or in-use approaches for speech quality prediction, including emerging standards which are still under
discussion. It is hoped that the information provided in the
table and documented below will assist users and/or
researchers in selecting an appropriate model for their specific application.
For network planning purposes, the only currently recommended model is the E-model. Its NB version covers all
standard network elements as well as standard handset terminals; first extensions for nonhandset terminals including
signal-processing equipment such as noise reduction and
echo cancellation have been presented [45], [50], but they
are not yet conclusive. For WB, the underlying scale has
been extended and Ie,eff values are provided in [29]; other
types of degradations have been dealt with in [54], but they
are not yet recommended by the ITU-T. For SWB, only a
transmission rating scale extension has been proposed [64].
First proposals have also been made to predict individual
quality features with a perception-based E-model, but they
are not yet conclusive [27]. Users should exercise care when
considering the nonconcluded elements in their applications
and/or research.
For network optimization and maintenance, the upcoming
recommended model is the reference-based P.OLQA, published
as ITU-T Rec. P.863 in early 2011 [24]. It comes in NB and SWB
modes, the latter also covering WB scenarios and acoustic
recording conditions. P.863 will, perhaps gradually, replace NB
[39] and WB P.862 PESQ [40], which are still widely used in
field measurement equipment as well as in the laboratory.
P.863 has shown significantly better performance than P.862 on
a large variety of databases and a wider range of usage scenarios [26]. Current work in ITU-T SG12 is focusing on the characterization of the new model, as well as on the development of a
multidimensional model Per ceptual Approaches for
Multidimensional (P.AMD) analysis [25], which is able to estimate four to seven quality features, describing discontinuity,
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[TABLE 5] APPLICATION SCENARIOS OF SPEECH QUALITY PREDICTION MODELS.
SOURCE
OF INPUT

TARGET QUALITY
PREDICTION

TARGET AUDIO
BANDWIDTH

CONSIDERED CHANNEL
ELEMENTS AND SCOPE

RECOMMENDED
MODEL

PARAMETERS
PARAMETERS

ESTIMATION
ESTIMATION

MOS-CQEN
MOS-CQEM

NB
WB

ALL MOUTH-TO-EAR
ALL MOUTH-TO-EAR

PARAMETERS

ESTIMATION

MOS-CQEM

SWB

ALL MOUTH-TO-EAR

PARAMETERS

ESTIMATION

QUALITY FEATURES

SWB

ALL MOUTH-TO-EAR

2e SIGNALS

SIMULATION

MOS-LQON

NB

2e OR 2a SIGNALS

SIMULATION

MOS-LQON

NB

2e SIGNALS

SIMULATION

MOS-LQOW

WB

CODECS,
TRANSMISSION
ERRORS, NOISES
AT THE SENDING SIDE
CODECS, TRANSMISSION
ERRORS, TERMINALS,
TIME-WARPING, ETC.
SAME AS P.862

G.107 [29]
G.107 [29] +
EXTENSIONS [54]
(SEE NOTE 1 BELOW)
G.107 [29]+
EXTENSIONS [64]
(SEE NOTE 1 BELOW)
G.107 [29] +
EXTENSIONS [27]
(SEE NOTE 1 BELOW)
P.862 [39]
(SEE NOTE 2 BELOW)

2e OR 2a SIGNALS

SIMULATION

MOS-LQOM

SWB

3e SIGNALS

SIMULATION

SMOS, NMOS, GMOS

NB

2e OR 2a SIGNALS

SIMULATION

NB

2e OR 2a SIGNALS

SIMULATION

SWB

SAME AS P.863

P.AMD [25]

1e SIGNAL

MEASUREMENT

FOUR . . . SIX QUALITY
FEATURES (COLORATION, NOISINESS,
DISCONTINUITY,
LOUDNESS)
FOUR . . . SIX QUALITY
FEATURES (COLORATION, NOISINESS,
DISCONTINUITY,
LOUDNESS)
MOS-LQON

CODECS, TRANSMISSION
ERRORS, TERMINALS,
TIME-WARPING, NOISES AT
THE SENDING SIDE,
LISTENING LEVELS
BACKGROUND NOISE,
EG 202 396-3 [10]
NOISE REDUCTION
SAME AS P.863
P.AMD [25]

NB

SAME AS P.862

MEASUREMENT

MOS-LQOW

WB

SAME AS P.862

2e OR 2a SIGNALS

MEASUREMENT

MOS-LQOM

SAME AS P.863

1e SIGNAL
2e SIGNALS
PARAMETERS

MEASUREMENT
MEASUREMENT
MEASUREMENT

MOS-CQON
MOS-CQEM
MOS-LQON

NB, WB
(SEE NOTE 3 BELOW),
SWB
NB
NB, WB, SWB
NB

P.563 [32], ANIQUE+
[1]
P.862 [39]
(SEE NOTE 2 BELOW)
P.863 [24]

PARAMETERS

MEASUREMENT

MOS-LQOW

WB

2e SIGNALS

MEASUREMENT

MOS-CQO

NB

APPLICATION TYPE OF INPUT
PLANNING

OPTIMIZATION

MONITORING

MAINTENANCE 2e SIGNALS

P.863 [24]

P.862.2 [40]
(SEE NOTE 2 BELOW)
P.863 [24]

SAME AS G.107
SAME AS G.107
IP NETWORK
IMPAIRMENTS ON
THE ONE-WAY
LISTENING QUALITY
IP NETWORK
IMPAIRMENTS ON
THE ONE-WAY
LISTENING QUALITY

P.562 (CCI) [31]
G.107 (NONINTRUSIVE)
P.564 [33]

ECHO, SIDETONE

PESQM [2]

P.564 ANNEX B [33]

Type of input: 1 5 one signal; 2 5 two signals; a 5 acoustic signal or recording; e 5 electrical signal. Target: MOS 5 mean opinion score; CQ 5 conversational quality; LQ 5 listening quality; E 5 estimated during network planning; O = objective using signal-based measures; N 5 narrow-band; M 5 mixed narrow-, wide- and/or superwide-band; W 5 wide-band. Audio
bandwidth: NB 5 300–3,400 Hz; WB 5 50–7,000 Hz; SWB 5 50–14,000 Hz. Notes: 1) Full WB and SWB models covering all channel elements not yet available; 2) ITU-T Rec. P.862 and
related models are no longer recommended by ITU-T SG12, and should be replaced by ITU-T Rec. P.863; and 3) no separate WB mode available; to be used in its SWB mode.

coloration, noisiness, and nonoptimum loudness, and more
fine-grained features such as low- and high-frequency coloration, slow- and fast-varying time-localized distortions as well
as the level and variation of background noise [41].
For network monitoring, a variety of approaches is conceivable; thus model usage should be guided based on the number
of available signals and/or if one-way or two-way communica-

tion is sought. For one-way communications, (i.e., listeningonly) two methods may be employed. First, if only a single
electrical signal is available during network operation, reference-free models such as [32] and [1] should be used (the socalled nonintrusive measurement). Second, if two electrical or
acoustically recorded signals are available, reference-based
models such as [39] and [24] should be considered. Note that
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and signal-component distorto perform reference-based qualQUALITY DIMENSIONS OF INTEREST
tions need to be detected and
ity measurement, a clean referCAN INCLUDE LISTENING EFFORT,
quantified [16]. The same holds
ence signal needs to be injected
ARTICULATION, NATURALNESS,
true for the variety of other siginto a piece of equipment or a
CONTINUITY/FLUENCY, AND PROSODY
nal processing equipment used
call connection, thus temporariSIMILARITY WITH NATURAL SPEECH,
in today’s networks and terminal
ly disrupting the network or call
TO NAME A FEW.
elements (e.g., level-adjustment
session. For two-way communiand echo cancellation); such
cations, or conversational qualiequipment can be best characterized with dimension-based
ty measurement, users have four options. Within a
approaches such as the one described in [25]. Multidimensional
reference-based paradigm, practitioners may employ the clean
quality models can also play a pivotal role in characterizing
and processed signals to estimate impairment factors that can
human-machine communication, such as diagnosing the qualbe forwarded to parametric models, as is recommended by
ity of synthesized speech and of spoken dialogue systems [15],
ITU-T Rec. P.562 [31]. Alternately, users may opt to use the
[49]. Quality dimensions of interest can include listening
nonintrusive version of the E-model. Third, parameters collecteffort, articulation, naturalness, continuity/fluency, and prosed from packet headers can be used for parametric estimation
ody similarity with natural speech, to name a few.
using approaches that can be validated according to [33] (see
Atypical speech constitutes a range of novel conditions for
the section “Protocol-Information-Based Models”). While the
most existing standard speech quality models. These models
abovementioned methods fall within the parametric or hybrid
are mostly tested using the speech and listening of healthy
paradigms, pure signal-based models may also be applied to
adult native speakers of a few selected languages. Model perforpredict conversational quality; one such approach, though not
mance may be poor for speech and hearing capabilities that are
recommended by ITU, is described in [2].
not represented in the test conditions.
While speech “quality” serves as an essential performance
FUTURE TRENDS AND CHALLENGES
measure in typical telecommunication conversation settings,
Full-reference signal-based models were widely developed in
other measures provide more specifically useful information.
the 1990s, and the last decade witnessed a widespread dominaCurrently, objective measurement of speech “intelligibility”
tion of the PESQ model, mostly due to its high correlation
is actively researched. Commonly, “intelligibility” measures
with subjective quality scores. Needless to say, speech transthe percentage of words or subword units understandable to
mission systems have evolved over the last decade, employing
native speakers with healthy hearing and cognition. Speech
more complex signal processing algorithms, such as speech
intelligibility is a component of speech quality, in the sense
enhancement. As expected, PESQ and WB-PESQ performance
that good intelligibility is necessary but not sufficient for
did not follow suit, leading to the development of its succesgood quality. For instance, robotic speech may be perfectly
sor—ITU-T Rec. P.863 (POLQA). While the new POLQA model
intelligible but not natural and hence not high quality.
[24] is intended to cover all relevant in-use transmission sceSpeech intelligibility measures are particularly useful in
narios and equipment, the model is still restricted to short
degraded conditions, such as noisy and reverberated speech,
sentences of approximately 6–20 s, far below the duration of a
talkers with speech impairments, and listeners with hearing
typical phone call, which ranges between one and two minimpairments. For instance, Hu and Loizou [21] reported that
utes. Nevertheless, a major trend is the development of models
most existing noisy-speech enhancement algorithms improve
that predict “full-length” call quality. The first steps have
speech quality but hardly improve speech intelligibility. In
already been taken [3], [65], and a standard has been put forsome task-oriented, mission-critical applications, it might be
ward [11], though not yet covering WB or SWB transmission.
preferable to configure speech enhancement processing to
Clearly, further research is still needed before a general-purmaximize speech intelligibility, perhaps at the expense of
pose tool is available. One possibility is to investigate tempoweighing less other attributes of speech quality such as natural-integration strategies that combine multiple
ralness. In human-machine communication wherein speech
short-duration P.863 estimations into a final longer-duration
reception is by a machine, “quality” may be measured to
call quality rating. Similar considerations apply for no-referenable maximization of machine “intelligence.” While a meaence methods including protocol-header-based and hybrid
sure of intelligibility may be appropriate for automatic
approaches. Some of these models can already account for lonspeech recognition, the measure might not be adequate for
ger observation windows but need to be adapted to WB and
speaker identification.
SWB quality prediction. Here, it will be desirable to achieve
Finally, speech and audio quality are an integral part of
equally stable and well-validated models as P.863.
the user’s perception of multimedia quality. Future research
Another major trend pursued by the speech quality meadirections will strive to develop models that combine audio
surement community has been the development of reliable
and video quality infor mation and which better reflect
multidimensional quality models for enhanced speech (e.g.,
human interaction behavior. Such models may also be able to
noise suppressed, bandwidth extension, and dereverberated
cover surround sound and three-dimensional video with
speech), where unwanted perceptual artifacts, residual noise,
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stereoscopic rendering techniques. It is also possible that
future models will incorporate adaptable user-specific parameters to truly represent a user’s quality of experience (QoE).
A major challenge witnessed today is the lack of publicly
available data to develop and test such models. Devising
models and/or model design methods that have low subjective-data costs is an ongoing challenge. Crowdsourcing
approaches (e.g., Amazon’s Mechanical Turk) may contribute
to the solution of this challenge [56].
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