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Abstract—In communication codecs, discontinuous transmis-
sion (DTX) is used to reduce the transmission bitrate in speech
pauses. Instead of coding the actual audio signal, only a para-
metric representation of the background noise is transmitted
and on the receiver side, so-called comfort noise with similar
spectral characteristics is synthesized. Audio codecs for mobile
communication traditionally only support transmission of one-
channel (mono) audio. The 3GPP codec for Immersive Voice and
Audio Services (IVAS) extends this capability to also support
stereo and immersive audio formats. To enable DTX for stereo
signals, not only the spectral characteristics of the background
noise need to be captured and transmitted, but also its spatial
properties. This paper describes a system for DTX and Comfort
Noise Generation (CNG) for discrete stereo codecs which was
developed as part of the IVAS codec standard. It comprises joint
coding of the spectral noise shape parameters for the stereo
signal and a spatial CNG algorithm based on modelling the
inter-channel similarity of the stereo signal by mixing different
uncorrelated noise sources. A listening test evaluation shows
benefits of this system over a baseline stereo DTX implementation
with separate CNG for the two stereo channels.

Index Terms—communication, speech coding, DTX, CNG,
IVAS

I. INTRODUCTION

Communication codecs apply discontinuous transmission
(DTX) techniques to lower the bitrate in voice conversations
during speech pauses [1]. DTX takes advantage of the fact
that in a typical conversation, usually not all participants are
actively talking at all times. Voice activity detection (VAD)
is used in the encoder to detect whether there is active
speech present in the input signal [1]. If no active speech is
detected, it is assumed that the signal consists of background
noise only. Instead of coding the background noise with the
same bitrate as the active speech signal portions, a parametric
description of the background noise is derived at the encoder
and transmitted as a so-called silence descriptor (SID) with
a much lower bitrate [1]. These SIDs are usually transmitted
less frequently than frames containing active signal content.
In between the SIDs, transmission can be completely switched
off to lower the overall bitrate even more, and to help reduce
energy consumption of the user end device by lowering the
activity of the radio transmission modem [2] and reduce energy
consumption in radio base stations [3].

On the decoder side, the parametric noise description trans-
mitted in the SIDs is used to synthesize so-called comfort
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noise that ideally matches the characteristics of the original
background noise closely enough such that the transitions
between full-bitrate coding and CNG are not disturbing for the
listener or — ideally — not even easily noticeable. Outputting
comfort noise instead of simply muting the signal avoids
giving the impression to the listener that the call might have
been dropped.

Most currently deployed state-of-the-art communication
codecs such as the Enhanced Voice Services codec (EVS)[4]
support DTX, but typically only support coding of mono
audio signals. On the other hand, existing stereo-capable
communication codecs or stereo extensions of mono codecs
lack support for DTX. Stereo operation with EVS is only
specified as dual-mono operation in [5]. However, no stereo-
specific techniques are applied for DTX in that case, as the
two mono channels are processed independently with EVS.
A predecessor of EVS, the Adaptive Multi-Rate - Wideband
(AMR-WB) codec, also supports DTX[6] and is available in
an extended version called Extended Adaptive Multi-Rate -
Wideband (AMR-WB+) which adds stereo support [7]. AMR-
WB+, however, does not allow for combining stereo and DTX
operation, supporting DTX only in an AMR-WB backwards-
compatible mode. Stereo extensions for ITU-T codecs such as
G.722 and G.711 exist[8], but lack DTX support already in
their mono versions. Another fully stereo-capable codec target-
ing communication scenarios is the stereo-extended Enhanced
Low Delay Advanced Audio Coding (AAC-ELDv2)[9]. Again,
this codec does not support DTX. Opus[10] offers full support
for stereo signals and also includes a DTX mode that does not
require additional information about the background signals
like SID frames. Instead, the bitrate is simply reduced during
silence or background noise parts by only encoding one frame
in a predetermined interval. The missing frames are filled
using packet loss concealment (PLC) in the decoder, which is
an optional decoder-side feature [10]. Any CNG mechanism
would therefore be part of the PLC functionality of the
respective decoder and depends on the specific implementation
including any stereo-specific aspects. However, as no SID
frames are specified for Opus, it would always be a decoder-
only solution without taking into account any information
derived from the original background noise.

The mentioned existing codecs do not provide a complete
stereo DTX system including both stereo-aware VAD and



TABLE I
STEREO AND DTX CAPABILITIES OF STATE-OF-THE-ART COMMUNICATION CODECS.

Codec Stereo DTX  Remarks

EVS [4], [5] W) v Stereo only as dual-mono, no stereo-specific DTX

AMR-WB [6] — v Mono only

AMR-WB+ [7] v W) DTX only in AMR-WB backwards-compatible (mono) mode
G.711/G.722 stereo ext. [8] v — No DTX, not even in mono versions

AAC-ELDV2 [9] v — Fully stereo-capable, no DTX

Opus [10] v W) DTX without SID frames; CNG via optional decoder-side PLC

CNG, and explicit signaling of DTX operation and trans-
mission of background noise information. DTX and stereo
operation together are only supported by dual-mono EVS
and Opus, but both lack aspects of a complete stereo DTX
system. Table I summarizes the comparison of state-of-the-art
communication codecs regarding stereo and DTX capability.
The proposed system, as part of the recently standardized
3GPP codec for Immersive Voice and Audio Services (IVAS)
[11], aims to fill the existing gap by providing a complete
stereo-aware DTX mechanism in the framework of a modern
communication audio codec.

IVAS is the first fully immersive communication codec,
extending the EVS codec towards spatial audio formats such as
stereo, multi-channel, object-based audio, scene-based audio
and metadata-assisted spatial audio while addressing the low-
latency and low-complexity requirements of a voice communi-
cation codec [11]. Along with its core use cases in immersive
communication — such as immersive telephony with experi-
ence sharing and ad-hoc and multi-party conferencing — IVAS
could also play a supporting role for applications in the field
of the Internet of Sounds (IoS) [12] and Internet of Musical
Things (IoMusT) [13] such as immersive audio experiences
or installations, or virtual/augmented reality applications [14].
IVAS was especially designed for use in fifth-generation
(5G) networks, which were identified as a key enabler for
the IoMusT paradigm [15] and offers functionality such as
jitter buffer management (JBM) and packet loss concealment
(PLC), which are also vital for IoMusT applications [16].
Supporting DTX for spatial and immersive audio formats can
also contribute to the ongoing work towards a sustainable IoS
[17].

Stereo capability in a communication codec comes with
challenges for the DTX operation. VAD classification needs to
take two signals into account and generate a common decision
for both channels of the stereo signal. The speech signal will
usually be present in both channels with possible level and
time differences, so both channels have to be considered to
ensure no parts of the active speech content are lost and
that transitions to and from DTX operation happen at the
appropriate times.

Regarding CNG, background noise will be present in both
channels, so the generated comfort noise needs to match not
only its spectral characteristics, but also its spatial characteris-
tics. Stereo inputs might come from stereo microphones, mi-
crophone array processing, or be artificially created by panning
mono sources with a common stereo ambience signal. Back-

ground noise can be diffuse (e.g. traffic or babble noise) or
dominated by a prominent directional source (e.g. a ventilation
duct or car motor), and its perceived width is further influenced
by the recording setup, especially the microphone distance.
Since perceived source width is inversely proportional to the
absolute value of the inter-channel cross-correlation coefficient
[18], a stereo CNG system should generate comfort noise
with a similar level of inter-channel correlation as the input
background noise to accurately model the width of the original
background noise in the stereo image.

Finally, a stereo DTX mechanism needs to integrate well
with the applied active signal stereo coding paradigm. Two
main approaches exist, namely parametric stereo coding meth-
ods and joint or discrete stereo coding methods [19]. While
parametric stereo coders downmix the stereo signal into a
single channel along with some parameters which are used to
upmix the single channel again in the decoder, discrete stereo
coding methods code both stereo channels after transforming
them into a more compact representation. Adapting the DTX
mechanism to the active stereo coding method allows for an
efficient implementation and smooth transitions from and to
CNG operation.

A straightforward solution for supporting stereo DTX could
be achieved simply by two separate mono DTX coders running
independently on the two stereo channels, as e.g. in the EVS
dual-mono operation [S]. Based on the mentioned challenges
for stereo DTX, we argue that such an implementation will
not be able to correctly model and synthesize spatial comfort
noise and will be outperformed by a stereo-aware DTX system.
Hence, in this paper, a method for implementing DTX and
CNG for stereo signals is proposed. Based on the mono
DTX/CNG system described in [20], three modifications are
introduced: synchronization of the VAD between the two
stereo channels, joint encoding of the noise estimates, and a
stereo CNG mechanism based on estimating the inter-channel
coherence of the stereo signal. The system is used in the high
bitrate discrete stereo mode [21] of the IVAS codec and is
therefore designed to be compatible with a discrete stereo
coder.

The rest of the paper is organized as follows: Section II
describes the proposed stereo DTX system and how it extends
existing techniques for single-channel DTX to address the
mentioned challenges for DTX operation for stereo signals.
Section III presents both subjective and objective evaluation
results for the system. Section IV presents the conclusions.



II. PROPOSED STEREO DTX/CNG SYSTEM
A. Overview of the basic mono DTX/CNG system

The proposed DTX/CNG system is based on the existing
DTX algorithm that is employed in the EVS codec[20].

In EVS, the input signal is processed frame-wise with a
frame length of 20 ms. For every frame, VAD is performed and
the signal is classified as either active or inactive to generate
a VAD classification result v € {0, 1}, where a value of zero
corresponds to no voice activity being detected and a value of
one corresponds to active voice activity being detected. The
VAD classification mechanism evaluates sub-band SNR and
spectral features; details can be found in [4].

The background noise estimation operates in the frequency
domain and uses a hybrid spectral analysis where Fast Fourier
Transform (FFT) analysis is used for low frequencies up to
6.4kHz and a Complex Low-Delay Filter Bank (CLDFB)
with lower spectral resolution is used for the remaining
higher frequencies [20]. For every frame, the spectrum is
divided into critical bands [22] and the energy for each
band is computed. To estimate the background noise band-
wise energies, a modified version of the minimum statistics
algorithm[23][20] is used, which transforms the energy values
to the logarithmic domain and quantizes them before gener-
ating the estimate. This preprocessing reduces the energies’
dynamic range, which is favorable for fixed-point implemen-
tation[20]. The resulting noise estimates are converted back
to the linear domain to produce the final encoder-side noise
estimates 02 (k),k € {0,..., Lene — 1}, where Ly denotes
the number of bands used for noise estimation and depends
on the sampling rate the codec operates in [20].

For transmission in the SID, the noise estimates are con-
verted into dB and quantized using a Multi-Stage Vector
Quantizer (MSVQ) with separately coded gain[20]. The global
gain is quantized using seven bits and the MSVQ uses six
stages with 37 bits in total. Candidate vectors are selected
using an M-best search algorithm with 24 survivors in each
stage[24].

The noise estimates transmitted in the SID allow for adap-
tation to changes in the background noise during inactive
signal parts, but due to the low-bitrate constraint of the
SID, their spectral resolution is not enough to capture the
fine spectral structure of the background noise. Hence, the
same noise estimation algorithm as in the encoder is run in
the decoder, but with a higher spectral resolution by using
narrower frequency bands. This decoder-side noise estimate is
combined with the noise estimate transmitted in the SID to
derive an energy spectral density o2y (m) over the whole
frequency range of the hybrid filterbank[20].

CNG is then performed in the frequency domain. Let
n(m) ~ N(0,1), then the complex comfort noise spectrum
is defined as

N(m) = @(n@m)—i—jn@m—i—l)), (1)

where j is the imaginary unit and m is the index of the
frequency bins. Note that noise is only generated above 50 Hz,

so N(m) is set to zero for the corresponding lower values
of m and for the value of m corresponding to the Nyquist
frequency, the imaginary part is set to zero to ensure that the
corresponding time-domain signal stays real. This shapes the
white spectrum of the signal from the noise source to adjust the
spectral envelope to the shape estimated from the background
noise represented by o2y (m). The resulting comfort noise
spectrum is transformed back to the time domain to generate
the final output comfort noise signal. Transitions between
active and inactive frames are handled by a windowing and
overlap-add mechanism and decoder signal memories are
updated in inactive frames with the time-domain comfort noise
signal to ensure a continuous output signal[20].

A SID frame in the mono DTX system as implemented in
EVS consists of 48 bits which is equivalent to a bitrate of
2.4kbps. In summary, the mono SID frame consists of:

e 44 bits for the MSVQ-coded noise estimate, with 7 bits
for the global gain and 37 bits for the residual shape.

o Four bits of EVS-specific core-coder side information
[25].

B. Proposed modifications for stereo operation

An overview of the proposed system is shown in Figure 1.

To generate a global, synchronized VAD classification, first
two separate classifications v; € {0,1}, v, € {0, 1} for the left
and right channel, respectively, are obtained. The combined
VAD classification is then generated via

Ustereo = V1 V Ur, 2

where V denotes the logical OR of the two single-channel
classifications.

For encoding the two noise estimates, spectral analysis and
noise estimation are performed separately on each channel
as for mono, yielding the two noise estimates O'gst’l(k) and
o2, (k). To keep the SID bitrate low, the two noise estimates
are then encoded jointly. Joint encoding using mid/side (M/S)
transform is a common approach for efficient coding of stereo
signals that exploits redundancies between the two channel
signals[19]. Instead of coding the left and right channel signals
directly, their sum (mid) and difference (side) signals are
coded. High energy compaction into the mid signal can be
achieved for stereo signals with similar channels, especially for
near-monophonic signals[19]. This technique is applied to the
noise estimates. Since the background noise is expected to be
present in both channels, the noise estimates, which represent
the background noise spectral shape, are expected to include
some redundancies and M/S encoding can efficiently compress
them to lower the SID size.

The noise estimates are converted to dB via

Ugst,l,dB(k) = 10log;, (O'gst,l(k) +€), 3)
agstﬁr,dB(k) = 101OglO (Ugst,r(k) + 6) ’ (4)
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Fig. 1. High-level diagram of the proposed Stereo DTX/CNG system
TABLE 11 L;, R; the spectra of the left and right channel in that frame,

ANALYSIS BANDS FOR THE COHERENCE MEASURE CALCULATION.

b | start, | stopy, | Frequency range

0 2 7 50Hz - 200 Hz
1 8 15 200Hz - 400 Hz
2 16 31 400 Hz - 800 Hz
3 32 47 800 Hz - 1200 Hz
4 48 128 1200 Hz - 3200 Hz

with € = 10715, and then transformed to their M/S represen-
tation:

O'gsml,dB(k) + Ugst,r,dB(k)
2 b)

Ugst,l,dB(k> - Ugst,r,dB(k)
3 .

The same quantization strategy as for mono is applied, with
the modification that Ugst,side(k) is quantized using only four
stages of the MSVQ with only 25 bits in total. That value
was chosen based on informal experiments and given the
constraints of the existing MSVQ structure and the fact that
in the IVAS framework, the SID frame size was harmonized
across all formats to be 104 bits.

The stereo CNG mechanism produces comfort noise with
a varying degree of inter-channel correlation based on a
frequency-dependent encoder-side estimate of the coherence
of the background noise channels. In preliminary experiments,
it was found that a broadband estimate is not sufficient to
achieve convincing spatial comfort noise synthesis as the inter-
channel relationship of the background noise can vary with
frequency. Therefore, a frequency-domain-based measure is
used, re-using the FFT part of the spectral analysis which is
split into N = 5 bands, to achieve a compromise between
SID bitrate and necessary spectral selectivity. The frequency
bands are derived by combining multiple critical bands with
smaller bands at low frequencies and wider bands at higher
frequencies[25]. Let ¢ € N denote the frame number and

®)

Jgst,mid(k) =

(6)

O—gst,side (k) =

respectively, then the coherence measure ¢;[i] for each band
be{0,....N — 1} is computed as

)

with

®)

©))

stopy,

eplil = Y Li(m)- Li(m),

m=starty

(10)

stopy,

eplil = > Ri(m)- R (m).

m=starty

(11

Here, ey, e, denote the energies of the left and right channel
per band, m is the index of the spectral bins, starty,stop,
denote the start and stop indices of band b, see Table II,
and ¢ = 10715, which is added to the denominator for
numerical stability. For low values of ¢;, the background noise
in the corresponding frequency band is more diffuse and has
a rather wide stereo width. Higher values of ¢, are obtained
for background noise which is more correlated between the
channels and sounds less wide. As the background noise
statistics can fluctuate from frame to frame, smoothing the
intermediate values used in calculating ¢; over time is bene-
ficial to achieve a stable comfort noise synthesis. Therefore,



a first-order Infinite Impulse Response (IIR) filter is used to
smooth the values over the frame index ¢ € N:

Crpli] = acrpli — 1] + (1 — ) ewp[i], (12)
7@[,[’&'] = aégyb[i — 1] + (1 — a) Cg’b[iL (13)
epli] = aepli — 1]+ (1 — a) e pil, (14)
Epli] = pi — 1] + (1 — a) erp[i], (15)
with ¢ (0] = ¢5,[0] = €4[0] = &,[0] = € V b. Here,

a € [0,1] is the smoothing factor of the filter with oo = 0.95
in the following. The recursively smoothed coherence measure
is then given by

o pld) + 4 [1]

e 16
él,bm . ér,bm +e€ (16)

The coherence measure values &[i] are uniformly quantized
using 4 bits per band, i.e., the quantized coherence value ¢é,][i]
is given by

min(15, [15 - &[é] + 0.5])

Gl = 15 :

where |.| denotes rounding down to the next-lowest integer
number.

At the decoder, the spatial comfort noise signal is then
generated by mixing three uncorrelated Gaussian noise signals
per frequency band based on the decoded coherence measure.
Let ni(k) ~ N(0,1),n2(k) ~ N(0,1),n3(k) ~ N(0,1),
then the mixed output noise signals for the left and right
channels, respectively, are given as

a7)

nii(k) = ni(k) - /1 — éli] + na(k) - Vépli], (18)
nei(k) = nz(k) - /1 — &li] +na(k) - \/ébli]. (19)

The jointly encoded noise estimates are dequantized and
the inverse M/S transform is applied to obtain the dequantized
noise estimates in their original left/right representation:

&est,LdB(k) = é-fzst,mid(k) + 6gst,side(k)7
6'eSt~,1’-,dB (k) = &gst,mid(k) - 6gst,sidc(k)7
where &gst’mid(k) and &zst,side(k) are the vector-quantized
jointly-coded noise estimates obtained in (5) and (6). The

reconstructed left and right noise shape parameter vectors are
then converted back to the linear domain via

(20)
2y

&zst,l(k) — 10&est,l,dB(k)/1O7 (22)
Gast e (k) = 10%estman(B/10, (23)

Afterwards, encoder- and decoder-side estimates are combined
and energy spectral densities o7 ong, 07 o are derived from
the combined noise estimates, as in the mono case. The left
and right channel comfort noise spectra are defined as

2

Ni(m) = %‘Wm,i(zm)ﬂm,i@mﬂw, (24)
2

N(m) = ‘Tf’%{;(m(nr,i@m)ﬂnmmmﬂ), (25)

analogously to (1). Similarly to the mono case, frequency bins
below 50 Hz and the imaginary part at nyquist frequency are
set to zero. Both channels are then transformed back to the
time domain as in the mono case to generate the stereo comfort
noise signal.

Transmitting two sets of noise estimates (in a joint repre-
sentation) and generating two separate comfort noise signals
directly without relying on any upmix parameters are design
choices that allow for easy integration into the high-bitrate
stereo coder of IVAS [21], which applies joint stereo coding
techniques and does not rely on a downmix/upmix scheme
for coding the stereo signal. Following similar paradigms for
coding of the active signal and the background noise signal
allow for reusing already existing functionality and avoid the
need for any adaptation processing when switching between
the two coding modes.

The stereo SID frame for the proposed implementation
consists of 104 bits, corresponding to a bitrate of 5.2 kbps.
Specifically, the SID frame contains:

o 8bits of IVAS-specific side information[25].

o 44bits for the MSVQ-coded mid noise estimates (7 bits
for the global gain, 37 bits for the residual shape).

e 32bits for the MSVQ-coded side noise estimates (7 bits
for the global gain, 25 bits for the residual shape).

o 20 bits for the five coherence values (4 bits per value).

III. EVALUATION
A. Listening Test

The overall performance of the proposed stereo DTX system
as part of the IVAS stereo coder was assessed during the
characterization of the codec, where it achieved very good
quality [26]. Specifically, as can be seen in the plots of the
characterization results for experiment P800-21 in [26], the
quality of the stereo coder for 48 kbps with DTX enabled is
very close to the score of the uncoded signal. However, this
overall score is influenced by the active speech parts of the
signal, so it does not isolate the quality of the DTX system
itself. To specifically assess the performance of the proposed
stereo DTX system, a listening test was conducted where it
was compared with a baseline DTX system that does not take
into account spatial characteristics of the background noise
when generating comfort noise. The results of this listening
test are described in the following.

The test compares the stereo DTX system with a baseline
“dual-mono” DTX system. This system can be seen as a
“naive” implementation of a stereo DTX system, where the
VADs of the two channels are synchronized with the test
system, and through two separate SID frames, the comfort
noise of each channel is generated independently. In relation
to the proposed system, this means that no joint coding of
the noise shape parameters is applied, both channels’ noise
estimates are vector-quantized as in the mono case (using
the full-stage, 37-bit MSVQ) and comfort noise generation
is done according to (19), but with &[] = 0 V b,i. The
baseline was implemented in the same IVAS framework, which



TABLE III
BACKGROUND NOISE USED IN THE EVALUATION

Noise Type | Description

office Recorded in a large office room with people working, in-
cluding typing noises and conversations in the background.

traffic Signals obtained from DEMAND database [28], specif-
ically tI from TMETRO and t2 from STRAFFIC. Con-
verted to two-channel format by selecting microphones 5
and 7.

nature Signals obtained from DEMAND database [28], specifi-
cally nl from NRIVER and n2 from NFIELD. Converted
to two-channel format by selecting microphones 5 and 7.

car Recorded in a VW Passat driving on a highway.

artificial Brownian noise generated using a computer program.

allowed for comparison of the CNG mechanism only, since
this way coding of the active speech parts of the signal is
identical between the two systems. Both conditions used an
active coding bitrate of 48 kbps. Also, the synchronized VAD
classification ensures active coding and CNG to be done at the
same time in both systems under test, which makes comparing
the two systems easier for the participants.

The listening test was conducted as a paired comparison test
with explicit reference. In each trial, subjects were presented
with the open uncoded reference signal and the two signals
under test, which were presented blindly and in random order
under the labels “A” and “B”. The task was to rate signal
A compared to signal B on a bipolar discrete seven-grade
comparison scale[27] with respect to which of them sounds
more similar to the reference signal. The trial order was
randomized per subject and the subjects could repeatedly listen
to all presented signals and set loops around parts of the signal.
Signals were presented on headphones.

In total, 12 subjects took part in the listening test. All
of them were professionals working in the field of audio
signal processing or audio coding and were familiar with
the test methodology and critical assessment of audio signals
in general. Before conducting the actual experiment, every
subject completed a short training session. The subjects were
instructed to focus primarily on the background noise parts of
the presented signals; exact instructions can be found in the
appendix.

1) Test material: The test signals used in the listening test
should cover different telecommunication scenarios. Possible
end devices for immersive audio communication can vary
from smartphones to larger conferencing systems. The former
will record signals with a rather small microphone distance
while for the latter microphones might be significantly further
apart. The type of the background noise itself will differ
depending on the recording environment. To account for all
of this, different types of recorded and artificially generated
background noise signals were used as listed in Table III.
Half of the recorded items used a microphone distance of
100 cm while the other half used a microphone distance of
10 cm. Two items used artificially created noise, one of them
with the same noise signal in both channels and one with two
different, mutually uncorrelated noise signals in each channel.
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Fig. 2. Mean values and 95% confidence intervals assuming Student’s-
T distribution (blue) and median values (red) for subject’s ratings split by
microphone distance. Positive ratings indicate preference for the stereo DTX
system. Microphone distance suffix omitted from the x-axis labels as already
noted in subplot titles.

The artificial test items were included to serve as extreme
cases with very high and very low inter-channel correlation.
The listening test signals were created by combining clean
speech recordings of both female and male speakers with the
different background noise signals, where speech and noise
were recorded using the same microphone setup. The final
combined signals were 16 seconds long and contained two
short sections of active speech (both about 3.5 seconds long)
with sections of only background noise at the start and the end
of the signal as well as in between the active parts. Signal-
to-Noise-Ratio (SNR) was between 5dB and 10dB, keeping
the background noise clearly audible relative to the overlaid
speech, so that subjects could easily follow and focus on the
background noise and on possible differences between CNG
and actively coded signal parts. It was checked that DTX was
triggered for both conditions in all background noise sections
of all items for substantial portions of the signal, especially
around the parts containing active speech. This way, it was
ensured that there actually were comfort noise sections and
transition to and from actively coded parts for the subjects to
assess.

2) Results: Figure 2 shows mean values and 95% confi-
dence intervals (CIs) and medians of the subjects’ ratings for
the individual items as well as aggregated over all items. The
figure is split by microphone distance of the respective items
— the left subfigure only includes items with wide microphone
distance (i.e., 100cm and the artificial background noise
with uncorrelated channels), the mid subfigure only includes
the items with narrow microphone distance (i.e., 10 cm and
artificial background with same noise signal in both channels)
and the right subfigure shows scores aggregated over all items.
Higher values indicate preference for the stereo DTX condition
over the baseline condition.

Over all items (Figure 2, right), a clear tendency towards



preference for the stereo DTX condition can be observed.
This is also backed by the result of a one-sided Wilcoxon
signed-rank test with results 7' = 6614 and p ~ 7.5 - 1076,
indicating a statistically significant difference between the two
tested conditions. An overall mean difference rating of 0.95
and a median of 1 are observed, corresponding to the label
”Slightly better” on the rating scale.

When examining the data split into the two groups of wide
and narrow microphone distance (Figure 2, left and mid),
one can observe that the two groups of items were rated
differently by the subjects. The stereo DTX condition was
clearly preferred for the narrow items with an overall median
of 2 and a mean of 1.82. For the wide items group, a median of
0 and a mean of 0.095 were observed, indicating no preference
towards one of the two systems for this group of items. Only
for the item c2-wide, a slight preference towards the stereo
DTX system can be observed with a median of 1 and a mean of
0.67. A Mann-Whitney U test was performed between the two
groups of microphone distances and the result was significant
(U = 553,p~ 2.5-10722),

B. Coherence Analysis

For the signals used in the listening test, the inter-channel
coherence in the output signals was analyzed. Only DTX
frames were included in the analysis. In each DTX frame,
the broadband inter-channel coherence was calculated in the
same way as given by Equation 7, but in a broadband fashion,
i.e. computed over the whole frequency range without splitting
into bands. Also, no smoothing is applied.

Figure 3 shows the difference between the measured per-
frame coherence for the two systems and the original input
signals. As for the listening test results, the data is split into
two groups based on the microphone distance. For the narrow
items group (Figure 3, mid), the stereo system shows a smaller
coherence difference than the baseline system for all items in
the group. The data for the stereo system also consistently
shows less spread than the data for the baseline. For the
wide items group (Figure 3, left), coherence differences are
much more similarly distributed between the two systems. The
stereo system shows smaller absolute medians for all items and
overall in this group, but by a much smaller extent than seen
in the narrow items group.

C. Computational Complexity

Complexity was assessed in terms of Weighted Mega-
Operations per Second (WMOPS) using the WMC tool from
the ITU-T standard library[29]. The measurement was run on
a long concatenated audio file consisting of the background
noise files used for generating the listening test items. The
whole background noise database amounted to a complete
length of about one hour and 45 minutes. Measurements were
run at 48 kbps for the stereo system and the baseline system
and at 24.4kbps per channel for dual-mono EVS (48.8 kbps
in total, closely matching the stereo bitrate), both using 48 kHz
input signals. Figure 4 shows average complexity numbers for
the three systems, split by frame type (active and inactive).

The inactive category comprises both SID frames and non-
transmitted frames (“NO_DATA”).

The stereo system and the baseline system show very
similar complexity numbers. For active frames, they are indeed
identical, which is expected since the active frame processing
is identical between the two systems. Both for the stereo
system and for EVS, DTX operation enables a significant
average complexity reduction. At the encoder, inactive frames
are only about half as complex as active frames (50.8% for
the stereo system and 47.2% for EVS). EVS also shows a
reduction for the decoder for which inactive frames are only
67.4% as complex as active frames. The stereo system does
not show a relevant reduction at the decoder, but is already
less complex in active frames than EVS.

D. Discussion

The subjective listening test results indicate that the stereo
DTX system overall outperforms the baseline system and can
handle different types of background noise with varying de-
grees of inter-channel correlation better than the baseline. For
stereo signals with wider microphone distance, the background
noise signal is in general expected to be less coherent between
the channels. This scenario can apparently be handled similarly
well by the baseline system — which always produces comfort
noise with low inter-channel correlation — and the stereo DTX
system — which can adapt the inter-channel correlation of
its output based on the coherence measure derived at the
encoder. However, for stereo signals recorded with a narrower
microphone setup, the baseline system is unable to model the
inter-channel correlation of the input background noise, while
the stereo DTX system can adapt to this situation and generate
stereo comfort noise of similar coherence as the input back-
ground noise. This is reflected in the statistically significant
tendency towards the stereo DTX system for the narrow items
group. Overall, the stereo DTX system always performs at
least on par with the baseline system (for stereo signals with
low inter-channel correlation) and achieves significantly better
results for certain types of signals (with higher inter-channel
correlation), leading to an overall slight preference over the
baseline system.

Results from inter-channel coherence measurements corre-
spond well with the subjective listening test results. For the
items with narrow microphone distance, the stereo system
shows significantly less coherence error than the baseline,
which explains the subjective preference seen in the listening
test. For the wide items group, in contrast, median and spread
of the coherence error are mostly comparable between the
two systems; accordingly, the subjects’ ratings do not favor
either system for this group. The generally higher variance
in that group indicates that for such items neither approach
reliably matches the target coherence in all cases; the plots
reveal a common tendency towards underestimation (negative
A coherence).

In communication scenarios, different stereo input sources
can be encountered. Smartphones have become ubiquitous and
recent devices are capable of recording stereo and spatial au-
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(WMOPS) for the stereo system, the baseline system and dual-mono EVS.

dio. Microphone distances in smartphones will necessarily be
rather narrow, whereas stationary conferencing systems may
use large distances. The presented results show that the stereo
system is versatile enough to address these different stereo
input sources better than the baseline system. Together with the
IVAS characterization testing [26], in which the stereo system
achieved results close to the uncoded original signal on an
absolute quality scale, the small coherence error for the narrow
microphone distance items indicates that the system models
and adapts to the background noise’s inter-channel coherence
well and produces spatially accurate comfort noise. For items
with wide microphone distance, coherence modelling is less
accurate, but this appears to have limited influence on per-
ceptual quality relative to the baseline, which does not model
inter-channel coherence at all.

Complexity-wise, stereo and baseline system show com-
parable numbers. For inactive frames, the stereo system’s
decoder shows a slightly higher mean value, which can be
attributed to the added complexity of the stereo CNG algo-
rithm; however, the difference is small and still within the
spread bars. Overall, DTX operation achieves a significant
reduction in complexity over active stereo signal coding, and
the complexity of the stereo system for inactive frames is

comparable to dual-mono EVS, with a slight tendency towards
being less complex. Note that the comparison to EVS is not en-
tirely straightforward, as the per-channel signal pre-processing
differs and EVS switches between two DTX/CNG mechanisms
depending on the input signal [4]. These differences make it
difficult to attribute the average complexity differences seen
for inactive frames to the stereo-related contributions only.
They do indicate, however, that the proposed system offers
complexity comparable to an existing stereo communication
codec while adding stereo-aware DTX functionality.

IV. CONCLUSION

A novel DTX system for stereo audio communication
codecs is proposed. It addresses the need to model spatial
characteristics of the background noise in CNG for spatial
audio signals by introducing a stereo CNG method that adapts
to the inter-channel coherence of the background noise. The
system was evaluated in a listening test by comparing it to
a baseline “dual-mono” DTX system. Results showed that
the proposed system always performs at least as well as
the baseline and outperforms it for background noise signals
recorded with narrow microphone distance. These subjective
evaluation results were complemented by measurements of
the inter-channel coherence error with respect to the original
background noise signals. The measurements revealed that the
proposed system can model the inter-channel coherence of
the input background noise better than the baseline system
with a small median error for signals exhibiting high inter-
channel coherence. In conclusion, its ability to adapt to varying
degrees of inter-channel coherence in stereo background noise
allows the proposed system to outperform the baseline system,
especially for high inter-channel coherence signals, such as
ones recorded with narrow microphone spacing. The system
has been integrated into the high-bitrate stereo coding mode
of the IVAS codec. Results from IVAS characterization tests
indicate that it achieves good quality and generates perceptu-
ally accurate stereo comfort noise. Complexity measurements



showed that DTX operation allows for significant average
complexity reduction and that complexity is comparable to
dual-mono EVS.
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APPENDIX

A. Listening test instructions

The following instructions were given to the participants of
the listening test.

“This listening test assesses the DTX (discontinuous
transmission) and CNG (comfort noise generation)
algorithm for stereo signals of the IVAS codec.
DTX is used to lower the bit rate of a codec
during speech pauses by not transmitting the coded
background noise, but instead generating comfort
noise at the decoder. The generated comfort noise
should ideally sound as similar as possible to the
original background noise signal.

In this listening test, you will compare two stereo
signals which were coded with two different versions
of IVAS that differ in their stereo DTX functionality.
As quality reference, the uncoded original signal
is available for you to listen to. Your task is to
rate if the first signal sounds better (that is, more
like the reference signal) or worse (that is, less like
the reference signal) than the second signal. The
signals consist of speech recordings with different
types of background noise. Pay special attention to
the background noise parts (parts without speech)
of the presented items as well as on the transition



sections between noise-only parts and speech parts.
Focus on both timbral and spatial differences which
might exist between the different signals, especially
colouration and stereo width.

The tests consists of two parts, a short training

session and the actual experiment. Complete the
training session first before starting the second part.
Adjust your headphone volume during the training
to a comfortable level and don’t change it during the
actual listening test session.”



