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ABSTRACT

This paper discusses the voice and audio quality characteristics of
EVS, the recently standardized 3GPP codec. Comparison to Opus,
IETF driven open source codec as well as industry standard voice
codecs: 3GPP AMR and AMR-WB, and ITU-T G.718B, G.722.1C
and G.719 as well as direct signals at varying bandwidths was made.
Voice and audio quality was evaluated with three subjective listening
tests containing clean and noisy speech in Finnish language as well
as a mixed condition test containing both speech and music inter-
mixed. Nine-scale subjective mean opinion score was calculated for
all tested conditions.

Index Terms— speech coding, subjective evaluation, listening
test, multi-rate codec, multi-bandwidth testing, mean opinion score

1. INTRODUCTION

In August 2014 3GPP SA4 accepted EVS (Enhanced Voice Ser-
vices) codec as the next generation conversational codec for 3GPP
Release 12 onwards [1][2]. The requirements for the EVS codec
performance were quite strict [3], and there were tedious listening
tests performed by three independent laboratories during the sum-
mer of 2014. Those results are available in the EVS selection phase
GAL report [4]. However, those results were all done with a single
bandwidth in each test. Also, Opus codec was not included in any
of the listening tests, which is of great interest for many people in
the speech coding community. Thus, Nokia performed three multi-
bandwidth characterization listening tests in short notice in order to
compare these two recent multi-bandwidth, multi-rate speech and
audio codecs against each other. In addition, several standardized
narrowband (AMR[S5]), wideband (AMR-WB[6]), superwideband
(ITU-T G.722.1 Annex C [7] and G.718B[8]) and fullband (ITU-T
G.719[9]) codecs were tested as reference conditions. Modified 9-
scale absolute category rating (ACR) test methodology was used for
all experiments [10] [11].

1.1. EVS technical details

EVS codec supports four input and output sampling rates (8, 16, 32,
and 48 kHz). There are also twelve bitrates ranging from 5.9 kbit/s
to 128 kbit/s. 5.9 kbit/s mode is using VBR (Variable BitRate)
with DTX always enabled and all other bitrates are CBR (Con-
stant BitRate) where DTX functionality may be enabled. Frame
error robustness is also optimized to a great degree providing signifi-
cantly better frame error concealment performance than for example
AMR-WB or G.718 [12][13]. Audio and speech coding modes are
switched internally in realtime by the EVS codec depending on the
input signal. Also enhanced voice quality AMR-WB interoperable
mode is integrated to the EVS codec. More technical details can be
found from EVS specification as well as other papers in ICASSP
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2015 special session [14] [15] [16]. All of these features could not
be incorporated into a single listening test. It was decided to test the
most interesting EVS native bitrate range for all signal bandwidths
with both clean and noisy speech as well as with generic audio sig-
nals in clean channel conditions. For example robustness to frame
erasures is not discussed further in this paper. Additional listening
test results from these other features of the EVS codec can be found
in selection and characterization phase listening test results [4] [17].

A spectrogram in Figure 1 was concatenated from five three-
second noisy speech segments showing all bandwidths of the EVS
codec. For the lowest bitrates below 9.6 kbit/s only narrowband and
wideband signal bandwidth is supported as can be seen from the two
first spectrogram segments. For 9.6 and 13.2 kbit/s superwideband
bandwidth of 14 kHz is supported (middle segment). For bitrates
starting at 16.4 kbit/s coding upto Nyquist frequency of 16 kHz is
enabled with EVS-SWB and upto 20 kHz with EVS-FB operation
as shown by the last two spectrogram segments, respectively.

Fig. 1. Spectrogram of a noisy speech segment with EVS codec at
NB 7.2, WB 8.0, SWB 9.6, SWB 16.4, and FB 24.4 kbit/s.

1.2. Opus technical details

Opus codec supports an approximately similar operation range as
EVS codec. According to the Opus specification [18] supported bi-
trates range from 6 to 510 kbit/s including stereo and low delay op-
tions. For mono signals, 64 kbit/s should be enough for near trans-
parent quality with a 20 ms frame size. Several versions of VBR and
CBR operation are also available. Opus codec frame length can be
adjusted between 2.5 and 60 ms. Opus supports 8, 12, 16, 24 and
48 kHz sampling rates with automatic resampling where needed.

All Opus processing in this listening test was done with 48 kHz
sampling rate using 20 ms frame length. Opus codec internally de-
cided at which bandwidth the codec operated at each requested bi-
trate. Opus was tested with both VBR and hard CBR modes. VBR
mode was tested with requested bitrates from 5.9 to 32 kbit/s and
CBR was tested from 13.2 to 64 kbit/s. At overlapping bitrates 13.2,
16.4, 24.4 and 32 kbit/s it can be seen how much the variable bitrate
operation improves the subjective quality. The Opus complexity set-
ting was set to the default value of 10 (maximum).
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Table 1. Opus VBR measured average and peak bitrates (in kbit/s)
with different signal types. Total duration of the test databases was
14 minutes.

Bitrate Clean Noisy  Mixed Minimum Maximum
speech speech music  bitrate bitrate
59 6.95 7.098  7.69 2.4 132
7.2 7234 7465 7811 24 13.2
8.0 7.609  7.881 8.247 24 12.8
9.6 8.751 9418 9474 24 14.0
13.2 12.04 13.02 1297 32 22.0
16.4 15.36 16.34 1628 6.8 25.6
244 232 2459 2462 12 40.0
32 3037  32.65 3223 12 63.6

Table 1 shows that Opus VBR actually quite often works slightly
higher average bitrate than requested. Especially the lowest bitrates
of 5.9, 7.2 and 8.0 kbit/s seem hard to reach especially with mixed
music signals. In practice the lowest possible Opus VBR bitrate is
around 7 kbit/s for speech and nearly 8 kbit/s for music signals. Also
bitrate variation is quite high from frame to frame. For example
when the requested average bitrate is 32 kbit/s, some of the frames
are coded with 1.2 kbit/s and some as high as 63.6 kbit/s.

Coded signal bandwidths of Opus were measured with the lis-
tening test database. All signal types kept the constant bandwidth all
the time and Table 2 was experimentally constructed. It seems that
CBR requires about 1 kbit/s higher bitrate before enabling higher
bandwidth operation.

Table 2. Opus bitrates and bandwidths with VBR and CBR modes.

Abbr  Bandwidth Sampling  bitrate range bitrate range
rate in VBR mode in CBR mode
in kHz in kbit/s in kbit/s

NB narrowband 8 7- 10 7-11

MB mediumband 12 10.5-12.5 11.5-13.5

WB wideband 16 13-15.5 14- 16.5

SWB  superwideband*24 16- 19 17- 20

FB fullband 48 >=19.5 >=20.5

* in other context (ITU-T, 3GPP) SWB sampling rate is 32 kHz

Similarly to the EVS spectrogram Figure 1 a spectrogram show-
ing all Opus bandwidths can be seen in Figure 2. As can be seen
depending on the requested bitrate, the bandwidth can vary from
narrowband to fullband. The possible bandwidths are 4 kHz (NB),
6 kHz (MB), 8 kHz (WB), 12 kHz (SWB) and 20 kHz (FB). There
are also some aliasing artifacts apparent in the high frequencies
above 16 kHz.

Fig. 2. Spectrogram of a noisy speech segment with Opus codec at
CBR 9.6, 13.2, 16.4, 20 and 24.4 kbit/s.

2. LISTENING TESTING

A modified version of the ACR[10] mean opinion score (MOS)
method was used for the multibandwidth listening test [19]. The
MOS scale was extended to be 9 categories wide in order to get more
accurate results with relatively high quality and wider than narrow-
band or wideband bandwidth speech and audio signals. Only the
extreme categories were defined with verbal description: 1 “Very
bad” and 9 “Excellent”. The assessment is not free sliding, but nine
different values still provide the listener more ways to discriminate
the samples than five [20]. The listening test procedure and result
description is similar to that used for speech codec evaluations in
[21], [22] and [23].

2.1. Test conditions

The following test conditions were included in the evaluation:

-Direct reference conditions with limited audio bandwidth but
no speech coding. Six lowpass cutoff frequencies were evaluated:
4 kHz, 7 kHz, 8 kHz, 10 kHz, 14 kHz and 20 kHz.

-MNRU reference conditions with artificially added distortion.
NB used Q=32 dB and Q=16 dB, WB used Q=35 dB and Q=17 dB
both with P.810[24]. FB used Q=31 dB and Q=17 dB with modified
MNRU using P.50 shaped noise [25].

-AMR narrowband codec [5] commonly employed in mobile
networks. Bitrates evaluated: 4.75, 6.4, 7.95, and 12.2 kbit/s.

-AMR-WB wideband codec [6], supported in an increasing
number of mobile networks [26]. Bitrates evaluated: 6.6, 8.85,
12.65, and 23.85 kbit/s.

-EVS latest 3GPP voice and audio codec[1]. 28 operation points
were tested with NB, WB, SWB and FB bandwidths 5.9- 128 kbit/s.
All conditions can be seen in Figure 7.

-Opus[ 18], an open source codec. Eight variable bitrates (VBR)
were evaluated: 5.9, 7.2, 8.0 and 9.6 kbit/s (NB, 4 kHz), 13.2 kbit/s
(WB, 8 kHz), 16.4 kbit/s (SWB, 12 kHz), 24.4 and 32 kbit/s
(FB, 20 kHz). Eight hard constant bitrates (CBR) were evaluated:
13.2 kbit/s (MB, 6 kHz), 16.4 kbit/s (WB, 8 kHz), 20 kbit/s (SWB,
12 kHz), 24.4, 32, 40, 48 and 64 kbit/s (FB, 20 kHz).

-ITU-T G.722.1 Annex C[7], a low-complexity superwideband
voice codec with an audio bandwidth of 14 kHz. Three bit rate
modes were evaluated: 24 kbit/s, 32 kbit/s and 48 kbit/s .

-ITU-T G.718 Annex B[8][27], an embedded (8-64 Kkbit/s)
speech codec for narrowband, wideband, and superwideband ser-
vices. 28 kbit/s with 14 kHz audio bandwidth was evaluated.

-ITU-T G.719[9], realtime fullband voice and audio codec.
Four bitrates were evaluated: 32, 48, 64 and 96 kbit/s.

2.2. Listening tests

Three listening tests were organized:

-Clean speech 4 talkers (2 females, 2 males), sentence pairs of
about 6 seconds.

-Noisy speech 4 talkers (2 females, 2 males), sentence pairs of
7 seconds. Street and car noise with signal-to-noise ratio (SNR) of
15 dB for the first pair of speakers, cafeteria and office noise (SNR
20 dB) for the second pair of speakers

-Mixed content, 4 signal types (4 excerpts for each category),
Artificial and real mixed signal (each sample contains both speech
with music intermixed) as well as two music only conditions (clas-
sical and modern music), duration of 8 seconds.

The tests took place in sound-proof booths in the listening test
laboratory of Nokia Technologies [28]. Subjects listened to samples
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diotically through Sennheiser HD-650 headphones. Twenty-four na-
tive Finnish listeners participated in each test. In all the tests, 3-5 of
the subjects were expert listeners (35-47 years of age). The rest of
the participants were naive listeners.

3. RESULTS

Clean speech results in Figure 3 show that EVS is significantly better
than either AMR or AMR-WB at all operation points. Also in SWB
and FB conditions EVS is significantly better than either G.722.1C
or G.719 at bitrates below 64 kbit/s, where the quality saturates
near to the direct. Comparison to Opus indicates at bitrates below
24.4 kbit/s; EVS is significantly better than Opus. At 32 kbit/ Opus
VBR shows very good performance, but due to variable bitrate op-
eration, the actual bitrate may be as high as 64 kbit/s as can be seen
from Table 1, this naturally helps the subjective quality. Notably
EVS-SWB 9.6 kbit/s is better than AMR-WB 23.85 kbit/s or Opus
20 kbit/s providing better voice quality at less than half the bitrate.
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Noisy speech results in Figure 4 are very similar to the clean
speech results, with the exception that G.722.1C and G.719 perform
somewhat better in noisy speech. This phenomenon is well known
from previous listening testing [22] [23]. Opus VBR has some qual-
ity issues at 16.4 kbit/s, where subjective quality degrades compared
to 13.2 kbit/s.
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Fig. 4. Noisy speech MOS scores with increasing bitrate (in kbit/s)

Mixed content results in Figure 5 are quite similar to the noisy
speech results, but now the quality scaling problem with increas-
ing bitrate with Opus is visible in both VBR and CBR operation
at 16.4 kbit/s and 20 kbit/s respectively. The performance drop most
likely happens due to too fast bandwidth increase with bitrate. These
bitrates are the only ones using Opus SWB (12 kHz) mode, so it
could also be related to some quality issue in the actual SWB coding
algorithm. With mixed speech and music signal EVS shows excel-
lent performance compared to Opus and older standardized codecs.
At each bitrate 5.9- 24.4 kbit/s EVS is upto 2 MOS scores better
than any other codec. The reason for good performance at low bi-
trates is likely due to the seamless, frame-by-frame switching be-
tween ACELP and MDCT based coding cores of the EVS [29][30].
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Fig. 5. Mixed content MOS scores with increasing bitrate (in kbit/s)

Finally all three listening test results were combined and a sin-
gle overall results Figure 6 containing all 72 listeners was generated.
Some additional results for higher bitrates 96 and 128 kbit/s are visi-
ble in the higher bitrates. Combined results together with confidence
intervals are shown in block diagram form in Figure 7.

From the overall results in Figures 6 and 7 it can be seen that
EVS is better than or equivalent to Opus CBR or VBR at all bitrates.
EVS-NB is statistically equivalent to NB direct at 24.4 kbit/s. EVS-
WB is statistically equivalent to wideband direct at 32 kbit/s. Also
EVS-SWB and EVS-FB reach statistical equivalence to direct SWB
and FB at 64 and 128 kbit/s, respectively.

4. CONCLUSIONS

A subjective quality evaluation was conducted with three listening
tests in Nokia Technologies listening facilities. From the results it
can be seen that the 3GPP EVS codec produces state-of-the-art voice
and audio quality across all tested bitrates and bandwidths. Com-
pared to Opus and other standardized codecs, EVS provides the same
quality at about half the bitrate in low bitrates. For example EVS-
SWB 9.6 kbit/s is significantly better than Opus CBR 20 kbit/s and
EVS-SWB 16.4 kbit/s provides the same overall quality as G.722.1C
32 kbit/s. If we consider that EVS-SWB 13.2 kbit/s provides MOS
6.15, AMR-WB 12.65 kbit/s MOS 4.95 and AMR 12.2 kbit/s MOS
3.51, the improvement from WB to SWB (1.2 points) is almost as
large as the improvement was from NB to WB (1.44 points). Fur-
ther, if we consider a slightly higher operation point, EVS-SWB
24.4 kbit/s versus AMR-WB 23.85 kbit/s, the improvement is almost
1.7 MOS points and thus a more notable than NB to WB improve-
ment was in the previous voice codec generation upgrade.
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Fig. 7. All tested conditions with 95% confidence intervals.
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