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Abstract

As broadband and high-speed IP networks spread, IP-telephony
services have become a popular speech communication applica-
tion over IP networks. Recently, the speech quality of IP-telephony
services has become close to that of conventional PSTN services.
To provide better speech quality to users, speech communication
with wider bandwidth (e.g., 7 kHz) is one of the most promising
applications. To ensure desirable quality, we should design the
quality before services start and manage it while they are being
provided. To do this, an effective means for estimating users’ per-
ceptions of speech quality is indispensable. This paper describes
a model for estimating the conversational quality of wideband IP-
telephony services from physical characteristics of terminals and
networks. The proposed model takes into account the quality en-
hancement effect achieved by widening speech bandwidth and has
the advantage that it can evaluate the quality of both wideband
and telephone-band speech on the same scale. Based on subjec-
tive conversational quality evaluation experiments, we show that
the proposed model can accurately estimate the subjective quality
for wideband speech as well as for telephone-band speech.
Index Terms: wideband speech, quality estimation, quality evalu-
ation, conversational quality, IP-telephony

1. Introduction
Speech communication services over Internet Protocol (IP) net-
works have been growing through the spread of broadband Internet
in recent years. In particular, the evolution of Voice over IP (VoIP)
technology has attracted users’ interests in high-quality speech
communication services. That is, since IP-telephony services are
achieving speech quality close to that of conventional PSTN ser-
vices, users expect the quality to be enhanced so that they can
get the benefits of broadband IP network services. Widening the
speech bandwidth (to 7 kHz) is one of the most promising appli-
cations because wideband speech can enhance the speech intelligi-
bility and naturalness in comparison with conventional telephone-
band (300 - 3400 Hz) speech.

In order to provide customers with appropriate quality of ser-
vice, effective means for design and management of the quality of
speech communication services is needed. From this viewpoint,
establishing a quality evaluation method is important.

The fundamental criterion for the quality of speech commu-
nication services is subjective quality, i.e., the user’s perception
of service quality, regardless of the speech bandwidth. Subjec-
tive quality is evaluated in psychological experiments, in which
subjects evaluate the perceived quality of transmitted speech. The
opinion test is widely used for subjective quality evaluation, and
results derived from opinion tests are called the mean opinion
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e (MOS). In subjective quality evaluation, it is necessary to
are exclusive test facilities such as acoustically shielded cham-
so that the quality evaluation test is conducted stably and re-
ucibly. Moreover, many subjects are needed to appropriately
uate various networks and terminal conditions. These make
ective quality evaluation time-consuming and expensive, al-
gh it is the most reliable method.
Therefore, a method that estimates subjective quality by mea-
g physical characteristics of terminals and networks is desir-

. Such a method is called “objective quality assessment[1].”
rnational Telecommunication Union (ITU) has already stan-
ized objective quality assessment methods for telephone-band
ch communications services such as ITU-T Recommenda-
s P.862 “PESQ” and G.107 “E-model,” which estimate sub-
ve listening quality and subjective conversational quality, re-
tively. For wideband speech, although a wideband extension
ESQ has been standardized in ITU-T as Recommendation
2.2, a method that estimates conversational quality has not
established yet.

In this paper, we first introduce our investigation of extend-
a telephone-band subjective conversational quality estimation
el[2] to the evaluation of wideband speech communication
ices. Then, we describe subjective conversational quality as-
ment experiments used to validate the proposed model. Fi-
, we demonstrate the performance of the proposed model
d on these experimental results, which are unknown for the
el.

Proposed conversational quality estimation
model

previously developed a conversational quality estimation
el specifically for telephone-band speech communication
ices[2]. This model is an opinion model[1] that integrates var-
quality factors on a common scale[3, 4]. In the development
is model, we investigated the effects of delay, talker echo, and
ch distortion due to speech coding and packet loss, which are
rimary quality factors in IP-telephony services. Based on the

ective quality evaluation characteristics of these factors, we
the following features into consideration in the model:

• proposing new equations representing the effects of delay
and echo and

• quantifying the effect of interaction between delay and
speech distortion.

e the model has been developed based on the characteristics
ined from extensive subjective experimental data and achieved
ciently high accuracy in terms of the consistency between sub-
ve MOS and its estimates, we have come to the conclusion that
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this method is applicable not only to quality planning but also to
quality benchmarking and management.

In extending its scope to the evaluation of wideband speech,
there are two more issues that we must consider:

1. quantifying the quality enhancement effect achieved by
widening the speech bandwidth and

2. determining the quality evaluation characteristics of various
wideband speech codecs.

We propose the computational algorithm for estimating quality of
wideband speech illustrated in Figure 1. The model takes four
parameters, i.e., echo loudness, one-way delay, codec type, and
packet-loss rate as inputs. Then it derives quality factors, such as
echo impairment, delay impairment, and speech distortion, using
input parameters. In the proposed model, the amount of quality
impairment of each quality factor is defined on the psychological
scale. Delay impairment and speech distortion are combined so
that the model takes into account the interaction between the ef-
fects of delay and distortion. Next the proposed model integrates
echo impairment and combined delay and distortion impairment
and outputs an intermediate quality index. The final output of the
proposed model is the estimated subjective conversational MOS
mapped from the intermediate quality index.

In the following subsections, we discuss our solutions for the
above-mentioned issues.

2.1. Quality enhancement effect by wideband speech

The proposed model uses a psychological scale Rn as an interme-
diate quality index, which was described in Ref [2]. For telephone-
band speech, the maximum value of Rn is about 93. In this investi-
gation, we kept the same Rn value for the conventional telephone-
band speech. In other words, we added the difference between
clean wideband speech quality and clean telephone-band speech
quality as the quality enhancement effect of wideband speech to
the maximum value (93) of the quality index for the telephone-
band speech. In this way, we can ensure the compatibility between
the evaluation results obtained by the originally proposed method
and those obtained by its extension.

We conducted a subjective speech quality evaluation experi-
ment, in which both wideband and telephone-band speech were
evaluated in the same context[5]. This experiment gave MOS =
4.2 and MOS = 3.4 to clean wideband speech and clean telephone-
band speech, respectively. By transforming these MOSs to the
psychological scale Rn, we obtained Rn = 86 and Rn = 67,
respectively. From this finding, we concluded that the quality en-
hancement effect achieved by widening speech bandwidth is 19
on the Rn scale. Therefore, in evaluating the wideband speech,
we should subtract 19 from the speech distortion index to reflect
the quality enhancement in the proposed model.

2.2. Quality evaluation characteristics of wideband speech
codecs

The proposed method quantifies speech distortion caused by
speech coding and packet loss as Ie,eff in the same manner as the
E-model[6]. Ie,eff is defined by Equation (1) by using Ie represent-
ing the coding distortion, Bpl representing the robustness against
packet loss, and Ppl representing the packet-loss rate.

Ie, eff = Ie + (95 − Ie)
Ppl

Ppl + Bpl
. (1)

B
(H

10

30

code
ther
wide
rive
stan
sess

cally
in d
ditio
G.72
omm
whic

of th

2.2.1

Firs
men
func
thes
whe
out
poss
sect
ence
Rn d

2.2.2

To r
expe
is b
This
the r
in th
Here
not

INTERSPEECH 2006 - ICSLP

1070
Table 1: Codec and packet-loss rate conditions.

andwidth Codec Bitrate Packet-loss rate
z) (kb/s) (%)

G.722 64
G.722.1 32

24
6.6
8.85
12.65

0 – 7000 G.722.2 14.25 0, 1, 3, 5, 10
15.85
18.25
19.85
23.05
28.85

MNRU (Q = 15, 20, 25, 30, 35, 45, 99 dB)
telephone-band reference conditions

0 – 3400 defined in Recommendation P.833
MNRU (Q = 15, 20, 25, 30, 35, 45, 99 dB)

Although the Ie and Bpl values for telephone-band speech
cs are provided in Recommendation G.113 Appendix I[7],

e are only a few studies[8, 9] with respect to the Ie values for
band codecs and none for the Bpl values. Therefore, we de-

d the Ie and Bpl values for typical wideband speech codecs
dardized in ITU-T based on the subjective listening quality as-
ment.

Table 1 shows the subjective testing conditions. Since we basi-
followed the methodology defined in Recommendation P.833

etermining Ie and Bpl, we included the reference testing con-
ns consisting of telephone-band speech codecs such as G.711,
6, and G.729. MNRU is a reference system defined in Rec-
endation P.810, and its quality is controlled by the Q-value,
h represents the SNR of MNRU.

The procedures for determining Ie and Bpl based on the results
is subjective experiment are described below.

. Experimental Ie,eff

t, we transformed the raw MOS values obtained in the experi-
t onto the Rn scale. To do this, we applied the transformation
tion provided in Annex B to Recommendation G.107. Second,
e Rn values were scaled by a factor of α = 112/Rn direct,
re Rn direct denotes the Rn value for wideband speech with-
any degradation. That is, this scaling forces the maximum
ible Rn value to be 112, as we determined in the previous sub-
ion. The “experimental Ie,eff” value is defined as the differ-
between the scaled Rn value for each condition and the scaled
irect.

. Removal of experimental bias

emove the bias between the subjective quality obtained in this
riment and that in the reference experiment on which P.833

ased, we derived the “correction function” defined in P.833.
was done by deriving a linear regression function between

eference Ie value in P.833 and the experimental Ie,eff obtained
is experiment for the same telephone-band coding conditions.
, we subtracted 19 from the experimental Ie,eff because we do

need to reflect the advantage of wideband speech.
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Table 2: Ie and Bpl values for wideband codecs.

Codec Bitrate Wideband Wideband Bpl Bpl
(kb/s) Ie Ie (random) (bursty)

(corrected)

G.722 64 9.50 9.50 5.19 5.76
G.722.1 32 15.04 15.04 14.77 12.70

24 18.38 18.38 14.69 13.90
6.6 37.68 34.70 19.83 14.82

8.85 27.09 27.58 25.31 18.96
12.65 15.04 18.91 21.10 22.73
14.25 14.30 16.02 20.95 15.27

G.722.2 15.85 12.33 13.44 18.11 15.34
18.25 9.34 10.02 15.05 13.32
19.85 11.24 7.98 14.96 11.95
23.05 6.01 4.35 12.77 10.80
28.85 12.48 — 16.28 14.35

2.2.3. Derivation of Ie and Bpl

The experimental Ie,eff values for the packet-loss free conditions
directly represent the Ie values for the associated coding conditions
(see Eq. (1)). By applying Ie and Ppl values and solving Eq. (1)
with respect to Bpl, we can derive the Bpl value for each packet-
loss condition. Ideally, these Bpl values should be the same for the
same codec. In practice, however, they differ due to experimental
errors. In our investigation, we defined a Bpl value for each codec
by taking the average of multiple Bpl values for multiple packet-
loss conditions.

Table 2 summarizes the resultant Ie and Bpl values. We ap-
plied an exponential regression function to smooth the bitrate vs.
Ie relationship for the G.722.2 codec. In this analysis, we excluded
the Ie for a bitrate of 23.85 kbit/s because the Ie value for this con-
dition seems to be an outlier. The smoothed Ie values are denoted
by “Wideband Ie (corrected)” in the table. The Bpl values are de-
rived separately for random and bursty packet-loss conditions.
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3. Validation experiments
e various degradations caused by terminals and networks of-
ccur simultaneously in the real IP-telephony services environ-
ts, we need to validate the proposed model for such combined
cts of various degradations. So we conducted extensive conver-
nal subjective experiments. First we describe the subjective
riments carried out for the purposes of validation. We investi-
d the performance of the proposed model from the viewpoint
stimation accuracy, which is represented by the correlation be-
n the subjective quality estimated by the proposed model and

actual subjective quality based on these conversational experi-
ts.

Experimental conditions

le 3 shows the subjective experimental conditions. The num-
of testing conditions in Experiments 1 and 2 were 41 and 43,

ectively. In Experiment 1, we evaluated the combined effects
peech distortion, packet-loss, and delay. In Experiment 2, we
uated the combined effects of speech distortion, packet-loss,
y, and talker echo. We used different subjects for Experiments
d 2. It might be necessary to extend the duration of conversa-
to reflect the characteristics of actual conversations over tele-

ne services. We think, however, a duration of 60 seconds is
ciently long for subjects to evaluate the effects of the degrada-
s tested in our experiments.

Results

re 2 demonstrates the relationship between MOS estimated by
proposed model and that obtained in the actual subjective ex-
ments. Although we optimized the mapping function from Rn

OS by using these databases, they were not used in optimizing
derivation of Rn in the proposed model. In that sense, these
bases are unknown data sets for the proposed method.
The figure indicates that the estimated MOS correlates well
the actual subjective MOS. The cross-correlation coefficient

root mean square error (RMSE) between estimated MOSs and
ective MOSs were 0.84 and 0.27, respectively. Taking into
ideration that the mean of the 95% confidence interval of ac-
subjective quality evaluation experiments was 0.28, we con-
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Figure 1: Structure of the proposed model.
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Figure 2: Relationship between estimated and subjective MOS.

clude that the proposed estimation model has sufficient estimation
accuracy for practical use.

4. Conclusion
In this paper, we proposed a quality estimation model for wideband
speech communication services. The proposed model is an exten-
sion of the quality estimation model for telephone-band speech
communication services. The model can be applied not only to
wideband speech but also telephone-band speech, enabling a direct
comparison between these different media. A performance evalua-
tion based on the extensive conversational subjective experiments
demonstrated that the proposed model could predict the subjec-
tive quality for combined effects of various degradations even for
unknown data sets. By applying the proposed model in design-
ing the quality of networks and terminals, we can directly evaluate
the advantage of a wideband speech communication service under
consideration and how it can be improved. In addition, by deriving
Ie,eff by using an objective quality measure such as Recommenda-
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P.862.2 “Wideband PESQ,” it is possible to estimate the end-
nd conversational quality taking into account the performance
e actual codec implementation. We will further investigate the
ormance of the proposed model from such a viewpoint.
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Table 3: Subjective testing conditions for experiments 1 and 2.
Common conditions

Subjects 20 females and 20 males
Duration of conversation 60 s
Conversational task Free conversation or guess the shape of a figure
Terminal ITU-R Recommendation P.311 sensitivity/frequency characteristics handset
MNRU Q = 12, 18, 24, 30, 36, 42, 48 dB

Experiment 1

Codec G.722 (64 kb/s), G.722.2 (23.05 kb/s), G.722.2 (8.85 kb/s)
Packet-loss rate 0, 1, 3, 5 %
Packet-loss patterns random, bursty
Delay 100, 160, 200, 300, 400 ms
Echo (TELR) 65 dB

Experiment 2

Codec G.722 (64 kb/s), G.722.2 (23.05 kb/s)
Packet-loss rate 0, 3 %
Packet-loss pattern random
Delay 100, 200, 400 ms
Echo (TELR) 35, 40, 45, 55, 60 dB


	Welcome Page
	Hub Page
	Session List
	Table of Contents Entry of this Manuscript
	Brief Author Index
	A
	B
	C
	D
	E
	F
	G
	H
	I
	J
	K
	L
	M
	N
	O
	P
	Q
	R
	S
	T
	U
	V
	W
	X
	Y
	Z

	Detailed Author Index
	A
	B
	C
	D
	E
	F
	G
	H
	I
	J
	K
	L
	M
	N
	O
	P
	Q
	R
	S
	T
	U
	V
	W
	X
	Y
	Z

	------------------------------
	Abstracts Book
	Abstracts Card for this Manuscript
	------------------------------
	Next Manuscript
	Preceding Manuscript
	------------------------------
	Previous View
	------------------------------
	Search
	------------------------------
	No Other Manuscripts by the Authors
	------------------------------

