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ABSTRACT Communication service providers use specialized solutions to evaluate the quality of their
services. Also, different mechanisms that increase network robustness are incorporated in current com-
munication systems. One of the most accepted techniques to improve transmission performance is the
MIMO system. In communication services, voice quality is important to determine the user’s quality of
experience. Nowadays, different speech quality assessment methods are used, one of them is the parametric
method that is used for network planning purposes. The ITU-T Rec. G107.1 is the most accepted model for
wide-band communication systems. However, it does not consider the degradations occurring in a wireless
network nor the quality improvement, caused by the MIMO systems. Thus, we propose a speech quality
model, based on wireless parameters, such as signal-to-noise ratio, Doppler shift, MIMO configurations,
and different modulation schemes. Also, real speech signals encoded by 3 operation modes of the AMR-WB
codec are used in test scenarios. The resulting speech samples were evaluated by the algorithm described
in ITU-T Rec. P.862.2, which scores are used as a reference. With these results, a wireless function, named
IW−M that relates the wireless network parameters with speech quality is proposed and inserted into the
wide-band E-model algorithm. It is worth noting that the main novelty of the proposed IW−M is the
consideration of the quality improvement incorporated by MIMO systems with different antenna array
configurations. The performance validation results demonstrated that the inclusion of IW−M values into
the R global score determined a reliable model, reaching a Pearson correlation coefficient and a normalized
RMSE of 0.976 and 0.144, respectively.

INDEX TERMS Speech quality, wireless communications, MIMO systems, antenna arrays, fading channels,
parametric models, E-model.

I. INTRODUCTION

Cellular network operators perform operation and mainte-
nance tasks. However, these actions are not enough to dis-
cover all network coverage problems in areas, where the
cellular operator provides the service and consequently some
users may have unsatisfactory experiences using the phone
call service. To avoid these problems, it is important that
network engineers have specialized tools to help them in
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planning tasks. The number of mobile devices is continuously
increasing and according to [1] smart-phones will be respon-
sible for 85.8% of the Internet traffic across the world at the
end of 2021; then networks need to be prepared to properly
manage this volume of traffic. In communication systems
there are many factors that can impact the users’ quality of
experience (QoE), especially in wireless environments [2].

Communication systems are evolving and new technolo-
gies are being incorporated to improve the global net-
work performance. These advances make it possible to
integrate different services and technologies; for example,
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IP Multimedia Subsystem (IMS) solution is implemented,
which permits to establish phone calls based on IP networks
and Long Term Evolution (LTE) networks. Another evolu-
tion from Public Switched Telephone Network (PSTN) is
the bandwidth used, PSTN systems operate in a narrow-
band (NB) network that transmits signals considering fre-
quencies between 300 and 3400 Hz. Current networks allow
the transmission of wide-band (WB) signals (50 - 7000 Hz)
supported by speech codecs forWB signals, such as Adaptive
Multi-Rate codec (AMR-WB) [3], that improves the speech
quality perception.
Additionally, to decrease the impact of wireless degrada-

tions on the transmitted signals, the latest network genera-
tions have incorporated solutions that use the principle of
spatial diversity in the radio channel, such as the Multiple-
Input Multiple-Output (MIMO) system [4]–[6]. As the avail-
able spectrum assigned to an operator is physically limited,
new radio resource management techniques are required [7].
The use of multiple antennas on transmitter and receptor
equipment has the main objective to minimize the bit error
rate (BER) in the wireless transmission channel and thereby
improving the signal quality at the reception point. Also,
modulation schemes have an influence on the transmission
performance [8]—to work properly each one needs different
channel conditions.
In telephone services, one of the most important factor to

determine the user’s QoE is the perceived speech quality [9].
The International Telecommunication Union (ITU) describes
several methods for speech quality evaluation. Thesemethods
are classified into subjective and objective methods. Sub-
jective methods are performed in a controlled environment
and following a test procedure [10] that is generally well
explained before starting the tests. Thus, a speech sam-
ple is scored by several assessors and the average score
is computed. This average value is called Mean Opinion
Score (MOS).
On the other hand, objective methods use an algorithm to

predict the MOS value. Thus, their results can be obtained
almost in real-time; then, they may be used in commercial
network solutions [11]. According to [12], objective methods
are classified into three models, based on the input type used
by the algorithm. Algorithms that use speech signals as input
are subdivided into intrusive and non-intrusive methods. The
most representative non-intrusive method for NB signals is
described in ITU-T Recommendation P.563, but it does not
present reliable results [13]. The ITU-T Recommendations
P.862 [14] that is used in NB signals, P.862.2 used in WB
signals [15], and P.863 [16] used in super-WB (SWB) signals
are intrusive methods.
The E-Model algorithm is the most known paramet-

ric method that is described in ITU-T Recommendation
G.107 [17]. This algorithm predicts the overall quality of
a phone call conversation. It considers different degrada-
tion factors, such as acoustic echoes, electrical coupling
on the user’s device, transmission delays, packet loss, and
specific characteristics of speech codecs. In recent years,

different improvements were proposed [18]–[20] to adapt the
E-model algorithm for WB and SWB networks.

Most of the current research related to speech quality
assessment focuses on wired network impairments. However,
in wireless network scenarios, different impairments occur
in the transmission channel [21], such as signal power varia-
tions, path delays, several paths, channel noise insertion into
speech signal [6], [22], among others. Therefore, the effect
of those degradations on the speech quality needs to be prop-
erly evaluated. Additionally, it is important to evaluate the
impact of MIMO systems on the transmission system quality
improvement, specifically for network planning purposes.

The main objective of this research is to introduce a wire-
less function, named IW−M , which is incorporated into the
E-model algorithm. In short, the contributions of this work
are stated as follows: (i) Different wireless degradations and
a MIMO system considering different antenna array config-
urations are studied, using a test scenario, in which a speech
signal is transmitted. (ii) The proposed IW−M considers the
effect of MIMO systems under different wireless impair-
ments. (iii) Different AMR-WB operation modes are used
in the test scenarios. (iv) A recommended list of MIMO
antenna configurations is introduced for a specific wireless
network configuration to reach an acceptable speech quality.
Thus, this paper shows how to improve the E-model to be
used for wireless communication systems, based on wireless
parameter values and also considering current technologies,
such as MIMO.

The remainder of this paper is organized as follows:
Section II presents a theoretical revision that considers the
E-model algorithm, the AMR-WB codec, and MIMO sys-
tems. A description of wireless communication channel char-
acteristics is presented in Section III. In Section IV, the test
methodology and the proposed wireless factor IW−M are
described. Section V presents the results. Finally, the conclu-
sions and future proposal works are presented in Section VI.

II. THEORETICAL REVISION

In this section, a general overview of the E-model algorithm
for WB signals, the AMR-WB codec and MIMO systems are
presented.

A. THE E-MODEL ALGORITHM

As stated before, the E-model algorithm uses several param-
eters as input, which are called impairment factors, and
each of them affects the speech quality score. In short,
these impairment factors are related to ambient noise at the
end-points, transmission channel noise, network delays and
packet loss, the impairment inserted by codecs, among others.
The E-model uses the transmission rating scale (R-scale) and
it is defined by:

R = R0 − Is − Id − Ie + A (1)

where, R is the quality score and it ranges from 0 to 100
for NB networks. R0 represents an ideal scenario without
impairments, for NB networks its default value is 93.2.
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Is represents all the impairments which occur simultaneously
with the voice. Id is related to network delays. Ie is known
as the equipment impairment factor and represents codec
impairments [23]. And A is the advantage factor; it takes, for
example, a value of 0 for a wired network and 20 for a satellite
connection.
Also, ITU-T Rec. G.107 introduces a function to convert R

scores to scores of the 5-point MOS scale for a conversational
situation, which is presented in (2).

MOSCQE

=



















1, R < 0

1 + 0.035R+ R(R− 60)(100 − R)(7.10−6),

0 < R < 100

4.5, R > 100

(2)

A function that converts MOS scores to R scores is also
presented. In [24], a third order polynomial function to con-
vert MOS scores to R scores is proposed, which is presented
in (3):

R =

{

3.026(MOS)3 − 25.314(MOS)2

+ 87.060(MOS) − 57.336
}

(3)

As previously stated, the first E-model implementa-
tion focused on NB scenarios. Nowadays, the ITU-T Rec.
G.107.1 [25] introduces a new R0 value for WB signals
equal to 129—the impairment factors, however, are the
same. Scores from mixed NB/WB scenario (RNB/WB) can be
obtained based on NB scenarios (RNB) according to:

RNB/WB = 1.29(RNB) (4)

Also, a methodology to determine Ie using an instrumental
model for WB speech codecs is described in ITU-T Rec.
P.834.1 [26].

B. AMR-WB CODEC

Traditionally, telecommunication services only provide a lim-
ited bandwidth (NB), resulting in the typically muffled audio
that is a characteristic of telephone conversations. In mobile
communication, one common codec that is used in these net-
works is the AMR coding standard. To increase the perceived
speech quality, a WB transmission was introduced in com-
munication services. The AMR-WB codec uses a sample rate
of 16 kHz and extends the frequency range of the AMR-NB
codec by around one octave, while it is able to run with the
same bitrates. Nowadays, AMR-WB is widely used by net-
work operators (e.g. in UMTS networks) to allow high quality
telephone conversations. Similar to AMR-NB, the AMR-WB
is based on algebraic code excited linear prediction (ACELP),
which uses a vector quantization technique.

In total the AMR-WB codec provides nine different oper-
ation modes that are presented in Table 1. A higher bitrate
can be useful for background noise conditions or music
and lower bitrates provide better quality than NB codecs.

TABLE 1. AMR-WB operation modes and their bit-rates.

3GPP specified the AMR-WB codec in TS26.190 [3] and it
is also described by the ITU-T as G.722.2 [27].

C. MIMO SYSTEM

In order to reduce the BER at the receiver [28], diversity tech-
niques repeat the information via different transmission chan-
nels. One example of diversity is the repeat code technique.
These codes repeat the bits of information in the transmitter
before being sent by the channel. Thus, in lossy channels,
the information can be successfully retrieved as long as at
least one of the repeated bits is received correctly. However,
the repeat code technique is not efficient because it uses the
available bandwidth to send redundant information, reducing
the spectral efficiency of the communication system. There-
fore, a trade-off must be considered between the robustness
of the system and the spectral efficiency.

In general, three kinds of diversity are used: temporal,
frequency and spatial. Repetition code is a type of temporal
diversity. The frequency diversity works similarly, sending
information across different frequency ranges that exhibit
independent fading. Spatial diversity is the technique that
uses different antennas to transmit and receive the same
information. Thus, an important characteristic of MIMO
systems is the ability to turn multipath propagation into
a benefit for the user. MIMO takes advantage of fading
channels and multipath delay spread [29], [30] for increas-
ing transfer rates [31]. When the channel has a favorable
condition, the system uses different antennas to transmit
different information, increasing the spectral efficiency and
consequently the capacity of the system. On the other hand,
when the channel has an unfavorable condition for the signal
transmission, the transmitter and the receiver use various
antennas to transmit and receive redundant bits, increasing
the system robustness in wireless networks [28]. MIMO
systems require complex algorithms and a greater computa-
tional complexity to optimize the management of transmitted
information. The significant performance improvement in
wireless communication without extra spectrum is largely
responsible for the success of MIMO. It is one of the most
significant technical breakthroughs in modern communica-
tions, because this technology presents itself as an important
option for more efficient use of the scarce electromagnetic
spectrum [31].
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FIGURE 1. Basic diagram of a MIMO system.

A basic block diagram of a MIMO system is pre-
sented in Fig. 1 with At and Ar being the transmitting and
receiving antennas, respectively. Also, an Orthogonal Space-
Time Block Code (OSTBC) encoder is considered. The vec-
tors of transmitted and received symbols in discrete time
are x[m] = {x1[m], . . . , xAt [m]}

T and y[m] = {y1[m], . . . ,
yAr [m]}

T , respectively, where xk represents the symbol sent
by k-esim transmitting antenna and yj represents the symbol
received on the j-esim receiving antenna.

In the MIMO system, the transmission channels between
each pair of transmitting and receiving antennas is repre-
sented by hji, which builds a matrix H = [hji] of dimension
Ar × At . Considering that the variable w represents the noise
at the receiver, the following relation between the transmitted
signal and the received signal is obtained at the discrete time
instant m [28]:

y[m] =

√

SNR

At
Hx[m] + w[m], (5)

where SNR = P/N0, P is the power of the transmission
signal, and N0 is the power of additive white Gaussian
noise (AWGN).

In order for the system to achieve a good performance,
wireless channels that compose the MIMO system must have
a low correlation. That means that the signals transmitted
in each channel suffer different impairment types, such as
fading and noise intensity. In communications carried out
in urban centers, in which the transmitted signal is affected
by several propagation phenomena, the implementation of
MIMO systems becomes feasible due to the de-correlation
of this environment.

In this work, we use a simulator, in which the signal can be
transmitted and received by At (Ar ) = [1, 2, 3, 4] antennas.
When At (Ar ) > 1, the system uses the OSTBC encoder.
The OSTBC maps the symbols coming from previous phases
in the transmitter in order to generate temporal vectors con-
taining the symbols that will be sent by each of the anten-
nas. To perform this mapping, the OSTBC uses a precoding
matrix. For the case At = 2, this matrix is given by

C2 =

[

x1[m] x2[m]
−x∗

2 [m+ 1] −x∗
1 [m+ 1]

]

, (6)

where ∗ denotes the conjugate transposed from the complex
symbol x. Note that at instant m, the antenna 1 transmits
x1[m] and the antenna 2 transmits x2[m]. In the next instant,
m + 1, the antennas transmit −x∗

2 [m + 1] and −x∗
1 [m + 1],

respectively. Thus, in two instants of time, the receiver will
have received the symbols x1 and x2. Therefore, there was
an insertion of redundancy and no loss of capacity, since two
instants were used to receive two different symbols.

At the receiver, the OSTBC combines the received signals
by all the antennas to extract the information from the sym-
bols encoded in the transmitter. In the sequence, the decoding
scheme named maximum likelihood (ML) is used to obtain
the transmitted information.

In this work, a MIMO configuration was used, based on
the OSTBC system with a low spatial correlation, in which
the signal to be transmitted is repeated in the transmission
antennas allowing the system to bemore robust against fading
degradations. In this work, the P.862.2 algorithm is used to
analyze its impact on the speech signal quality.

III. WIRELESS COMMUNICATION

CHANNEL CHARACTERISTICS

In wireless networks, there are several degradation factors.
In a communication scenario, the transmitter and the receiver
are usually in different places with various obstacles between
them. Thus, it is probable that there is no line of sight between
the sender and the receiver; thus, the signal at the end-point
is composed by different signals that arrive from different
paths [32]. In the Rayleigh fading channel model there is not a
direct path and in the Rician model there is at least one direct
path between sender and receiver, but also different phases
and amplitudes of the signal arriving at the receiver.

Some physical phenomena that occur in wireless commu-
nication are multipath, reflection, diffraction, mirroring and
absorption. These phenomena lead to fading in the signal and
it can be classified into two types: the large and the small
scale [32]–[34]. The first one occurs in longer distances from
the transmitter. The power of the received signal decreases
as the distance increases due to the path loss or obstacles
in the path, such as buildings, vegetation and mountains.
Atmospheric phenomena, such as rain, snow, and hail also
contribute to the fading; the shadowing factor is also another
well-known problem. The fading [35], [36] is an impairment
factor in wireless channels.

In a transmission that presents fading, the signal suffers
variation in its amplitude and frequency [37]. The Doppler
effect and themultipath are characteristics of a fading channel
model. The multipath condition generates different ampli-
tudes and phases of the signal at the receptor. The Doppler
results in signal frequency variation, and it is related to the
relative movement between transmitter and receptor. In [38],
a method to calculate the Doppler shift in high speed scenario
is presented.

IV. METHODOLOGY

In this section, the methodology that is used to implement
the test scenario is explained. Furthermore, the criteria which
is used to determine the proposed IW−M factor related to
wireless networks is treated.
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FIGURE 2. Block diagram of the test scenario that considers AMR-WB codec and a MIMO system.

A. TEST SCENARIO

Fig. 2 presents a block diagram of the test scenario imple-
mented. Different impairment conditions were created, using
several test scenario configurations. Thus, at the receiver,
speech samples with different impairments are obtained.
As a first step, the speech samples were encoded using

the AMR-WB speech codec [3], which supports WB signals.
As previously stated, the AMR-WB codec has nine opera-
tion modes, each one with a different bitrate as indicated
in Table 1. It is important to note that the AMR-WB codec
is currently used in commercial telecommunication services.
In our test scenario, the following AMR-WB operation

modes were used: Mode 0, Mode 4 and Mode 8. The
AMR-WB header includes the frame quality indicator (FQI)
field, which length is 1 bit. The FQI indicates if the data
in the frame contains errors and this information can be
used by error concealment algorithms implemented in the
decoder [39]. In the test scenarios, the FQI status is deter-
mined using the information obtained by the cyclic redun-
dancy check (CRC) code implemented in theAMR-WBusing
the CRC field composed by 8 bits. The speech samples were
taken from ITU-T Rec. P.501 [40] that correspond to full-
band signals with a sampling frequency of 48 kHz. They were
converted to WB signals using a band-pass filter [41] and
down-sampling process to obtain 16 kHz.
The transmission channel corresponds to the Rayleigh

fading channel model with additive white Gaussian noise
(AWGN) [42], [43]. The parameters configured in this chan-
nel model were Signal-to-Noise-Ratio (SNR) and the max-
imum Doppler frequency shift. Also, a MIMO system was
implemented and different intensities of SNR (dB) and max-
imum Doppler frequency shifts (Hz) were performed in the
transmission channel. The implemented MIMO system con-
siders different antenna array configurations, considering the
number of antennas in the transmitter and receiver. It uses
the Orthogonal Space-Time Block Code (OSTBC) encoder
available in Matlab.
In a wireless communication, the modulation scheme is

an important factor that is related to the data transmission
rate [44]. Also, the channel background noise affects each
modulation scheme in different manners, and a different
bit-error-rate is obtained. The modulation schemes used in

FIGURE 3. Impact of wireless channel degradation on speech signal
considering QPSK modulation scheme. (a) NSc-1: transmission without
wireless channel degradation and (b) NSc-2 Transmission with a
SNR = 8 dB and a maximum doppler shift = 100 Hz.

the test scenarios were: BPSK, QPSK and QAM-16. It is
important to note that PSK and QAM modulation schemes
are used in the sub carriers of OFDM that is used in current
communication networks.

The commands used for the implementation of the wireless
transmission channel used in test scenarios are presented in
the Appendix of this document.

In the last step of the test, the algorithm described in ITU-T
Rec. P.862.2 was used; thus, each impaired file received a
MOS score as shown in Fig. 2. It is important to note that
P.862.2 algorithm is able to evaluate WB speech signals and
additionally, this algorithm returns as output twoMOS scores,
the MOS index that corresponds to the scale 0 - 4.5, and the
MOS-Listening Quality Objective (MOS-LQO) index that
considers the scale in the range 1 - 5. This last output value
was used in this work.

Fig. 3 presents two network scenarios, NSc-1 and NSc-2.
The first one represents no wireless channel degradation,
specifically, SNR = 30 dB and Doppler shift = 0 Hz.
Conversely, NSC-2 represents a severe channel degradation,

VOLUME 7, 2019 35723



D. Z. Rodríguez et al.: Speech Quality Assessment in Wireless Communications With MIMO Systems

with a SNR = 8 dB and maximum Doppler shift = 100 Hz.
In both scenarios, QPSK modulation scheme and AMR-WB
operation mode 8 were used. It can be observed how the SNR
affect the symbol transmission and the speech signal at the
end-point. The MOS score of the speech signal in NSc-1 and
NSc-2 were 4.25 and 3.05, respectively.

TABLE 2. Parameter used in the configuration of test scenarios.

The network parameter values used in the configuration of
different test scenarios are presented in Table 2. Note that
the maximum SNR value was 24, this is because with this
value, the maximum MOS score is reached in all modulation
schemes. Also, a maximum Doppler shift value higher than
200 Hz does not add a considerable negative effect. It is worth
noting that these configuration parameters were established
when theMIMO systemwas not used, in order to obtain more
scenarios with wireless channel impairments and hence be
able to evaluate the impact of differentMIMO configurations.
In total, 315 different network scenarios were evalu-

ated. The MIMO antenna configuration MIMO(nTx,mRx):
MIMO2x2 and MIMO4x4 were used in the tests, in addi-
tion to the Single-Input-Single-Output (SISO) configuration.
We restricted the antenna array configuration in order to limit
the number of network scenario configurations. It is worth
noting that the simulation of each scenario was performed
50 times, and 8 originalWB speech files (4 male and 4 female
speakers) with a sampling frequency of 16 kHz were used.
Thus, 126, 000 impaired speech files with different degrada-
tions were evaluated using P.862.2 algorithm.

B. PROPOSED FACTOR FOR WIRELESS CHANNELS

As stated before, the main goal of this work is to propose a
factor related to wireless channels, named IW−M , that con-
siders the wireless impairments and the impact of MIMO
systems on the speech quality. Thus, IW−M is included in the
WB E-model algorithm as presented in (7):

Rw = R0 − Is − Id − Ie − IW−M + A (7)

The default values of Is, Id impairment factors and the A
enhanced factor are used, which are introduced in the ITU-T
Rec G.107. In this work, the global R-score is denominated
as Rw to highlight that it considers the wireless impairment.

In order to determine the impairment factor related to
degradations inserted by codec, Ie, it is necessary to find an
ideal scenario for each AMR-WB operation modes 0, 4 and 8.
These ideal network conditions are found when the maxi-
mum speech quality determined by a MOS score is reached
considering each modulation scheme. Also, in these initial

simulations no MIMO system was used. The parameter val-
ues that reached the best speech quality were: an SNR value
of 24, amaximumDoppler shift equal to 0Hz. This procedure
was performed for each AMR-WB mode and the SNR and
Doppler shift values to reach the maxim speech quality were
the same. Due to the MOS scores (P.862.2 results) obtained
in the test scenarios correspond to a 5-point MOS quality
scale, the relations (3) and (4) were used to convert MOS
scores to the R-scale values.

With the quality scores in the R-scale, the Ie is calculated
using the following relation:

Ie = R0 − Rw − IW (8)

where, Ie is the codec impairment parameter, R0 is equal to
129 that is the highest quality score for WB scenarios, Rw is
experimentally determined by simulation test results that for
this case it is the maximum quality score reached in an ideal
test network scenario for each AMR-WB mode operation;
and IW is the wireless impairment factor that is equal to zero
in an ideal scenario. Note that IW does not consider MIMO
system.

Then, the proposed wireless factor that includes MIMO
system, IW−M , is obtained by:

IW−M = R0 − Rw − Ie − G(nTx,mRx) (9)

where R0, Rw and Ie were previously defined, and the pro-
posed function G(nTx,mRx) corresponds to the speech quality
gain when a MIMO system is used. The MIMO system con-
siders different antenna array configurations, with n antennas
in the transmitter (nTx) and m antennas in the receiver (mRx).
This quality improvement is determined in relation to a trans-
mission system that uses only one antenna in the transmitter
and receiver. It is important to note that to calculate Ie,
the G(nTx,mRx) output was set to zero because the MIMO
system was not considered.

In general, the G(nTx,mRx) function depends on the modu-
lation scheme, the AMR-WB operation mode and the SNR;
and its outputs are numerical values presented in tables. The
quality improvement needs to be quantified using the R-scale.
In this research, different tables are presented that contain
a specific quality gain for each modulation and AMR-WB
mode operation. It is worth noting that because these quality
scores were obtained using the ITU-T Rec. P.862.2, they
are expressed in the 5-point MOS scale; and thus relations
(4) and (3) need to be applied before.
Preliminary test results, with no MIMO system imple-

mented, showed a high correlation between MOS scores and
SNR or Doppler shift values, each of them with a differ-
ent effect. Also, the modulation techniques showed to have
a considerable impact on the speech quality. For this rea-
son, a different function for each modulation scheme and
AMR-WBmode was considered. To determine IW−M , differ-
ent functions were tested. The best accuracy was obtained by
a second-order polynomial function to model the SNR impact
and a logarithmic function to model the Doppler shift effect.
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Note that the G(nTx,mRx) values represent a quality enhance-
ment and therefore it reduces the wireless impairment score
contained in IW−M , which is defined by:

IW−M

=

{

a.S2 + b.S + c+ d .Ln(D) − G(nTx,mRx), S < Th

0, S ≥ Th

(10)

where, S represents the SNR (dB) and D represents the max-
imum Doppler shift (Hz). The coefficients of the 2nd order
polynomial function are a, b and c; and d is the weigh
degradation related to the Doppler shift (Hz); Th is a thresh-
old value that depends on the modulation scheme used; and
G(nTx,mRx) is the quality gain corresponding to a specific
antenna configuration of the MIMO system. It is important to
note that a, b, c, d values and theG(nTx,mRx) outputs depend on
the modulation scheme and the AMR-WB mode operation.
Firstly, a, b, c, d values are determined without MIMO; later,
G(nTx,mRx) outputs are obtained.

FIGURE 4. Impact of SNR (dB) on speech signal quality (MOS) for BPSK,
QPSK and QAM-16 modulation schemes.

V. RESULTS

Firstly, the effect of different SNR (dB) values on the speech
quality, considering BPSK, QPSK and QAM-16 modulation
schemes are evaluated. Fig. 4 shows the results obtained for
the AMR-WBwith operationmode 8. In this scenario, a SISO
configuration was evaluated and for a better visualization,
25 SNR values were used. As can be observed in Fig. 4,
SNR values (dB) have a high negative impact on speech
quality. Also, it is important to note that the speech quality
starts to improve at different SNR values, which depend
on the modulation scheme used. Because of this behavior,
each scheme needs to have a different model. As expected,
the BPSK modulation scheme is more robust in lower SNR
values.
The impact of different maximum Doppler shift (Hz)

values is presented in Fig. 5, in which the speech quality
degradation is represented by the absolute value of MOS
index. The BPSK, QPSK and QAM-16 modulation schemes
and AMR-WB with operation mode 8 were used in the test
scenario. From Fig. 4 and Fig. 5, it is observed that Doppler

FIGURE 5. Impact of maximum doppler shift (Hz) on speech signal quality
(absolute value of MOS) for BPSK, QPSK and QAM-16 modulation
schemes.

TABLE 3. Impairment factors (Ie) of AMR-WB codec (Modes 0, 4 and 8)
found in ideal network scenarios.

Shift effect depends on SNR values, and it has a lower impact
on speech quality than SNR. In scenarios in which the speech
quality reached the maximum value, the Doppler shift effect
is almost negligible.

As previously stated, in order to determine the Ie impair-
ment factor for each AMR-WB mode, a network scenario
without the MIMO system that reaches a maximum MOS
index value was found. For this test scenario, the network
parameters values were: SNR = 24 dB, maximum Doppler
shift = 0 Hz; and the three modulation schemes were consid-
ered. The results are presented in Table 3.

Once Ie was calculated for each AMR-WBmode, the coef-
ficients introduced in (10) need to be determined. The
experimental results obtained to calculate IW−M for each
modulation scheme and AMR-WB mode were used to deter-
mine the variables, a, b, c and d. It should be noted that the
proposed functions reached the best correlation performance
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TABLE 4. Coefficient values used to determine IW −M for AMR-WB
mode 0.

TABLE 5. Coefficient values used to determine IW −M for AMR-WB
mode 4.

TABLE 6. Coefficient values used to determine IW −M for AMR-WB
mode 8.

in relation to other functions. Table 4, Table 5 and Table 6
present these coefficient values for modes 0, 4 and 8,
respectively.
Fig. 6 shows the relation between IW−M and the Doppler

shift parameters, considering a test scenario with BPSKmod-
ulation scheme and SNR values of 0dB, 4dB, 8dB, and 12dB.
It can be observed that there is a relation between channel
condition and speech quality, for instance, for an SNR equal
to 12dB the Doppler effect is minimum and its behavior
cannot be defined, the IW−M values are lower than 0.8.
Conversely, when SNR is equal to 0, 4, and 8 there is

TABLE 7. Performance validation of IW −M model in wireless scenarios
without MIMO system and considering P.862.2 scores as reference values.

a direct relation between Doppler shift and IW−M values;
also the IW−M are higher, for example, for SNR = 0,
IW−M reached 87.

For performance assessment, a comparison between Rw
scores using (7) that includes IW−M defined in (10), and
the P.862.2 results converted to the R-scale, is performed.
In this case, G(nTx,mRx) is equal to zero, that means only
wireless degradations (SNR and Doppler shift) are consid-
ered. The Pearson correlation coefficient (PCC) and normal-
ized root-mean-squared error (NRMSE) values are presented
in Table 7.
After having evaluated the impairments inserted by wire-

less channel, a MIMO system was configured, and the
antenna array configurations 2x2 and 4x4 were considered.
Additionally, the SISO configuration is implemented and it
is used as reference to determine the quality gain of each
MIMO configuration. The impact of theMIMO system on the
speech quality, considering BPSK, QPSK, QAM-16 modula-
tion schemes, and AMR-WB modes 0, 4, and 8 is presented
in Fig. 7.

Based on the results presented in Fig. 7, the values of
G(nTx,mRx) are calculated. Thus, the difference between MOS
scores reached in each MIMO configuration (2x2 or 4x4)
and SISO configuration, for each SNR value, is computed.
Table 8, Table 9 and Table 10 present the G(nTx,mRx) values,
for AMR-WB operation modes 0, 4, and 8, respectively.

FIGURE 6. Impact of doppler Shift on the IW −M parameter considering a test scenario with BPSK and SNR
values of 0dB, 4dB, 8dB and 12dB.
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FIGURE 7. Relation between MOS index and SNR (dB) in MIMO transmission, considering (a) AMR-WB mode 0, (b) AMR-WB mode 4, and
(c) AMR-WB mode 8.

TABLE 8. Values of MIMO configurations gains that define G(nTx,mRx)
considering AMR-WB mode 0.

TABLE 9. Values of MIMO configuration gains that define G(nTx,mRx)
considering AMR-WB mode 4.

As previously mentioned, the values of Table 8, Table 9,
and Table 10 use the 5-point MOS scale; these values are
converted to R-scale using (3). From theses tables, it can
be observed that in some cases the speech quality improve-
ment reached values closer to 2 that is a great improvement

TABLE 10. Values of MIMO configuration gains that define G(nTx,mRx)
considering AMR-WB mode 8.

considering a 5-point MOS scale. Also, it is observed that in
some network conditions, the MIMO implementation has not
improved the speech quality compared to the SISO scenario.
We used the 5-point MOS scale because it is the quality scale
mostly used in both subjective and objective speech assess-
ment methods, and thus, the impact of the MIMO system can
be better interpreted.

A comparison between Rw scores, including wireless
degradations andG(nTx,mRx), and P.862.2 results is performed.
The PCC and NRMSE values are presented in Table 11.
As can be observed, the performance results presented

in Table 11 and Table 7 are similar. These results demonstrate
that the inclusion of G(nTx,mRx) as part of IW−M helps to
evaluate the impact of MIMO systems in different wireless
network conditions with high accuracy.
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TABLE 11. Performance validation of IW −M model in wireless scenarios
considering a MIMO system and P.862.2 scores as reference values.

Finally, the performance of Rw, based on the proposed
IW−M was evaluated using 4 additional speech files (2 male
and 2 female speakers). To this end, the P.862.2 algo-
rithm results were also considered as reference. In total,
21, 600 speech samples were tested; considering the follow-
ing parameter: SNR = [1, 6, 13] dB, maximum Doppler
shift = [15, 80] Hz for each one of the 3 modulation schemes
(BPSK, QPSK and QAM-16) and the 3 AMR-WB operation
modes (0, 4 and 8). Each test scenario was repeated 50 times
and the sameMIMO antenna array configuration (MIMO2x2
and MIMO4x4) and SISO configuration were used. Because
the SNR values are different to those used to modelGnTx,mRx ,
a linear regression is applied to the corresponding scenarios
presented in Tables 8, 9 and 10 to obtain the speech quality
gain values. The experimental results show that proposed
model reached a global PCC andNRMSE of 0.976 and 0.144,
respectively.
It can be concluded that the performance assessment

results—reached by the proposed method—are reliable. It is
worth noting that to the best of our knowledge, in the current
literature there is not a parametric model that evaluates the
impact of MIMO systems on the speech quality. For this
reason, the performance assessment was done only using a
standardized speech-based model, namely the P.862.2 algo-
rithm. Another relevant characteristic of the proposed IW−M

factor is that other impairment factors of the WB E-model
algorithm are not affected.

VI. CONCLUSION

Experimental test results demonstrated that there is a high
correlation between both wireless channel degradations,
improvements introduced by the MIMO system, and the
speech quality scores. To obtain those results, an useful test
scenario was implemented, in which a real speech signal
is coded and transmitted at bit-level, passed through differ-
ent stages of a wireless communication system and finally
the quality of the decoded speech signal is evaluated. The
proposed wireless factor IW−M takes into account a fading
channel model with different SNR and maximum Doppler
shift values, different modulation schemes, and also two
MIMO system configurations. The results obtained by the
modified WB E-model algorithm, which global score Rw
includes the IW−M factor are reliable because they are highly
correlated with the P.862.2 results, which are used as ground-
truth. In the performance validation results, which are carried
out with different test materials and different impairment
conditions, the proposed Rw reached a PCC and NRMSE of
0.976 and 0.144, respectively.

Currently, the most advanced communication systems
adopted MIMO techniques for their intrinsic advantages.
Also, with the growth of mobile devices, most of the voice
communication is performed in wireless networks; therefore,
the speech signal can suffer different degradations to those
originated in wired networks. In this arena, communication
service providers need to have specialized tools for network
planning purposes available. Thus, it is convenient to incorpo-
rate parameters related to wireless communication systems to
the WB E-model algorithm. In this sense, this work presents
a solution to improve the WB E-model, because it considers
common wireless degradations and the MIMO technique to
improve the transmission quality. In a future work, more
parameters will be tested and incorporated into the E-model
algorithm, such as different techniques adopted in current
wireless communication systems; also, different approaches
that performminimum changes in the E-model algorithmwill
be studied.

TABLE 12. Commands used to implement the wireless transmission
channel of network simulation scenarios.

APPENDIX

PROGRAMMING COMMANDS FOR THE TRANSMISSION

CHANNEL IMPLEMENTATION

Table 12 presents the Matlab commands used to implement
the main blocks of the wireless transmission channel used in
different simulation test scenarios.
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