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Abstract

We discuss objective estimation methodologies for subjective
quality of wideband speech. First, the wideband extension of
the current ITU-T Recommendation P.862, which provides a
means for objectively estimating subjective quality, is evalu-
ated from the viewpoint of assessing the effects of band limita-
tion. Then, the validity of the objetive assessment is discussed
based on the subjective quality database, which includes practi-
cal degradations assumed in VoIP applications.

1. Introduction
Wideband speech is expected to be offered in a number of
telecommunications scenarios, such as wideband IP telephony
and video-conferencing over IP networks. It appears that
telephone-band and wideband speech media will coincide for
the time being. Therefore, we think it is highly important to
evaluate the quality of speech taking into account its bandwidth,
as well as other quality degradations such as coding distortion
and packet loss.

The quality of speech communication should be discussed
in terms of subjective quality, which represents users’ percep-
tions of speech signals. We have proposed a methodology to
subjectively assess the quality of wideband speech, taking into
account the effects of band limitation [1]. In this paper, we as-
sessed the subjective quality by using the method proposed in
[1], in which speech samples with various bandwidths are as-
sessed in the same Absolute Category Rating (ACR) test.

Because subjective quality assessment is time consuming
and expensive, however, an objective means for estimating sub-
jective quality is desired. This is called objective quality assess-
ment. For telephone-band speech, the International Telecom-
munication Union - Telecommunication standardization sector
(ITU-T) standardized Recommendation P.862 [2] as an objec-
tive quality assessment algorithm. The ITU-T has also been
working on its extension to wideband speech [3]. The algo-
rithm is quite consistent with the original Recommendation, ex-
cept for the input filter, which has flat pass-band characteristics
up to 7 kHz. We call this algorithm “WB-PESQ” in this paper.

To validate the algorithm, we need to clarify whether it is
applicable to the evaluation of the band limitation effect, as well
as the effects of coding distortion and packet loss. This is es-
sential because we are often interested in the trade-off between
speech bandwidth and bitrate and/or packet loss.

We first evaluate the validity of WB-PESQ from the view-
point of assessing speech with various bandwidths. Then, we
apply WB-PESQ to the evaluation of coding and packet-loss
distortion, which are primary listening-quality factors in VoIP.

Table 1: Signal processing conditions

Fl [Hz] Fh [Hz] Fl [Hz] Fh [Hz]

0 3400 100 3400
0 4000 100 7000
0 5000 200 3400
0 6000 200 7000
0 7000 300 3400
- - 300 7000

Figure 1: Block diagram of signal processing using MNRU.

2. Objective assessment of speech of various
bandwidths

2.1. Experimental conditions

The testing conditions in terms of the bandwidth of the speech
signal are summarized in Table 1. “Fl” and “Fh” indicate
the lower and higher cut-off frequencies of a filter, respectively.
The filters used in this investigation had a very steep slope in
the transition bands. For example, the bandpass filter with Fl
= 300 achieves approximately -50 dB attenuation at 200 Hz.
For each bandwidth condition, we employed four MNRU con-
ditions, which is defined in ITU-T Recommendation P.810 [4],
with Q-values of 15, 25, 35, and 100 dB. The signal processing
procedure is illustrated in Figure 1.

The subjective testing conditions are listed in Table 2. We
also carried out an objective quality measurement based on the
algorithm proposed in [3]. We always used speech with a band-
width of 0 - 7000 Hz as a reference for the objective qual-
ity measurement algorithm, regardless of the degraded speech
bandwidth.
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Table 2: Subjective testing conditions

talkers 4 females and 4 males

speech sample
concatenated sentences
(each 8 s long)

Listening device
SENNHEISER HD250
(binaural headphone)

Listening level -15 dBPa
subjects 20 females and 20 males

test method
5-point ACR method
(ITU-T Recommendation P.800 [5])

Figure 2: Relationship between WB-PESQ value and subjective
MOS.

2.2. Results

The relationship between the objective quality index obtained
by the algorithm proposed in [3] and the subjective quality
assessment results, called the Mean Opinion Score (MOS) is
demonstrated in Figure 2. This figure shows that WB-PESQ
captures the subjective quality even if the speech bandwidth
varies a lot. It appears that the subjective quality degrada-
tion caused by band limitation has a good correlation with the
amount of distortion that the WB-PESQ algorithm calculates
for a speech component included in the lost band(s).

There are some exceptions in this figure. These plots are
from speech whose component that is less than 300 Hz has been
lost. As described in Section 3, the frequency response of the
filter used in this experiment was quite steep. Taking into ac-
count the finding that Recommendation P.862 works fairly well
for speech filtered by the modified Intermediate Reference Sys-
tem (IRS) sending characteristics defined in Annex D of Rec-
ommendation P.830 [6] [7], whose frequency characteristics be-
tween 200 and 300 Hz are quite moderate, we conclude that the
WB-PESQ algorithm can be applied to the evaluation of speech
with various bandwidths on the same quality scale if the lower
limit of the passband is less than 200 Hz or the transition curve
between 200 and 300 Hz is sufficiently moderate, such as the
one in the modified IRS.

Table 3: Coding and packet-loss conditions

Codec Packet length [ms] Pattern Loss rate [%]

G.711PLC 10, 20, 40, 100 random 1, 3, 5, 10
G.729 10, 20 50 random 1, 3, 5, 10
G.711PLC 10, 20, 40, 100 bursty 1, 3, 5, 10
G.729 10, 20 50 bursty 1, 3, 5, 10
G.711PLC (error free)
G.729 (error free)
Narrowband MNRU (Q=5)
Narrowband MNRU (Q=15)
Narrowband MNRU (Q=25)
Narrowband MNRU (Q=35)
Narrowband MNRU (Q=40)
G.711PLC* 10, 20, 40 random 1, 3, 5, 10
G.722 10, 20, 40 random 1, 3, 5, 10
G.722.1 20, 40, 80 random 1, 3, 5, 10
G.711PLC* 10, 20, 40 bursty 1, 3, 5, 10
G.722 10, 20, 40 bursty 1, 3, 5, 10
G.722.1 20, 40, 80 bursty 1, 3, 5, 10
G.711PLC* (error free)
G.722 (error free)
G.722.1 (error free)
Wideband MNRU (Q=15)
Wideband MNRU (Q=25)
Wideband MNRU (Q=30)
Wideband MNRU (Q=35)
Wideband MNRU (Q=40)
* Wideband coding

3. Objective assessment of speech with
coding and packet-loss distortions

In the previous section, we showed that WB-PESQ can estimate
the subjective quality degraded by band limitation under some
constraints. In this section, we further investigate the validity
of the WB-PESQ algorithm from the viewpoint of evaluating
practical degradation anticipated in VoIP, such as coding and
packet-loss degradations.

3.1. Experimental conditions

The speech processing conditions in the subjective and objec-
tive experiments are shown in Table 3. The codecs we used
were ITU-T Recommendations G.711 with PLC (the packet-
loss concealment algorithm conforming to its Appendix I) and
G.729 for narrowband speech, while G.722 (64 kbit/s mode),
G.722.1 (32 kbit/s mode), and G.711 with PLC were used for
wideband speech 1. In addition, MNRU for narrowband and
wideband was used as a reference.

The signal processing procedure is illustrated in Figure
3. We used four talkers in the experiments, and concatenated
three different short sentences with some pause periods for each
talker. The resultant speech samples were 16 seconds long, with
a speech activity rate of approximately 40%.

We applied the modified IRS sending characteristics de-
fined in Recommendation P.830 and the sending characteris-

1We fed wideband speech to the G.711 codec. The PLC algorithm
was modified accordingly.



Figure 3: Objective measurement of wideband/narrowband coded signals.

tics defined in ITU-T Recommendation P.341 [8] to the narrow-
band and wideband reference speech, respectively. For narrow-
band speech, the filtered speech signal was downsampled by 2:1
with a low-pass filter complying with ITU-T Recommendation
G.712 [9]. Then, the signal level was equalized to -26 dBov.
The signal was then fed into a coder and decoder pair, between
which packet loss was simulated.

The packet-loss pattern was controlled by using the Dis-
crete Gilbert Elliot Channel Model that is employed in ITU-T
Recommendation G.191 [10]. The burst ratio“ b”was 0.2 for
the random packet-loss conditions and 0.8 for the bursty con-
ditions. The frame-erasure information was always given to
the decoder so that the concealment algorithm in the decoder
worked. (For error-free conditions, the output of the coder was
directly fed into the decoder because no packet-loss simulation
was needed.) The output of the narrowband speech decoder was
up-sampled by 1:2.

There were 48 subjects in the subjective assessment (24 fe-
males and 24 males). In the objective assessment, we always
used wideband reference speech as shown in Figure 3.

3.2. Performance analysis of WB-PESQ

The relationship between the WB-PESQ and the subjectively
assessed MOS values is demonstrated in Figure 4. As revealed
in the previous section, the WB-PESQ algorithm can compre-
hensively evaluate narrowband and wideband speech. That is,
WB-PESQ indicates the preference of human listeners with re-
spect to not only speech distortion by coding and packet loss,
but also band limitation. This means that WB-PESQ can be
used to design systems/serivces taking into account the trade-
off between these quality parameters, which is often an issue in
providing services within limited network resources, for exam-
ple.

One can observe a bias effect in the evaluation of a G.722.1
codec in Figure 4. This effect is not negligible from a statisti-
cal point of view 2. This codec dependence should be further

2The 95% confidence interval of subjective MOS is between 0.04
and 0.01.

Figure 4: Relationship between wideband PESQ and subjective
MOS.

studied and resolved before the standardization of WB-PESQ.

4. Reducing the effect of measurement
noise

In this section, we consider the uniqueness of the objective as-
sessment based on WB-PESQ from practical measurement us-
ing hardware interfaces. In practice, when measuring the ob-
jective quality through noisy interfaces with devices under test,
measurement noise, which is only introduced during measure-
ments and never perceived by users, is sometimes inevitable.
A means for reducing such an unwanted effect has been stud-
ied in ITU-T. The validity of the method proposed for objec-
tive measurement based on Recommendation P.862 [11], i.e.,
telephone-band measurement, when it is applied to wideband
measurement, is investigated. The signal processing procedure
is illustrated in Figure 5. The reference speech used in the WB-
PESQ calculation was either clean or noisy speech as proposed
in [11]. This noise is not unwanted noise, but noise intention-
ally added to speech prior to measurement for reducing the ef-



Figure 5: Addition of intentional and unwanted noises.

fect of unwanted noise. We used both white and Hoth noises for
this purpose. In addition, we added two different measurement
noises, which are also white and Hoth noises, after the signal
processing of the wideband MNRU with Q values between 10
and 50 dB. The signal-to-noise ratio (SNR) of intentional and
unwanted noises are denoted by “in sn” and “out sn,” respec-
tively.

The effect of unwanted and intentional noise where both
in sn and out sn are 40 dB is demonstrated in Figure 6. As a
reference, we used noise-free conditions. The figure indicates
that the effect of unwanted white noise (square plots in the fig-
ure) is quite severe and difficult to remove. This is not the case
in telephone-band evaluation.

On the other hand, the effect of colored noise like Hoth
noise (circle plots in the figure) can be removed if we inten-
tionally add noise whose frequency characteristics are similar
to those of unwanted noise. Because we often observe that the
frequesncy characteristics of unwanted noise are white, further
study is needed to effectively remove this effect.

5. Conclusion
In this paper, we investigated the performance of the WB-PESQ
algorithm, which has been proposed as an extension of the cur-
rent Recommendation P.862, from the viewpoint of assessing
the effect of band limitation, as well as coding distortion and
packet loss.

First, we evaluated the fundamental performance of WB-
PESQ by applying it to the assessment of speech with various
bandwidths, and found that it is applicable to speech whose
lower and upper frequency limits are 200 and 6000 Hz, respec-
tively. Next, we confirmed the applicability of WB-PESQ to
practical quality degradation factors in VoIP, which are coding
distortion and packet loss. Finally, we investigated the method-

Figure 6: Effect of unwanted noise.

ology for reducing the effect of unwanted noise in hardware
measurements.

This study has contributed to the standardization activities
of WB-PESQ in ITU-T Study Group 12.
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