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Abstract—In this paper, we present a novel, frequency-domain
stereo to mono downmixing, which preserves the energy of
spectral components and avoids setting the left or right channel
as a phase reference. Based on this downmixing technique,
a parametric stereo analysis-synthesis model is described in
which subband stereo parameters consist of interchannel level
differences and phase differences between the mono signal and
one of the stereo channels (left or right). This model is applied
to the stereo extension of ITU-T G.722 at 56+8 and 64+16 kbit/s
with a frame length of 5 ms. AB test results are provided to assess
the quality of the proposed downmixing technique. In addition,
the quality of the proposed G.722-based stereo coder is compared
against reference coders (G.722.1 at 24 and 32 kbit/s dual mono
and G.722 at 64 kbit/s dual mono) for clean speech, noisy speech
and music.

I. INTRODUCTION

Stereo is widely used in audio applications such as stream-
ing, broadcasting or storage, and significant progress was
made in reducing the bit rate for (joint) stereo coding, as
shown by the evolution of MPEG audio standards (MP3,
AAC, HE-AAC, USAC). On the other hand, in conversational
applications speech coders are designed to handle mostly
mono signals; stereo, when supported by the service (e.g
conferencing), is usually coded using dual mono, that is by
coding separately each channel [1]. Recently, ITU-T SG16 has
launched several standardization activities aiming at extending
existing wideband (50-7000 Hz) mono coding standards to
superwideband (50-14000 Hz) and stereo. Examples are given
by G.729.1-SWB [2], G.718-SWB [3], and G722/G.711.1-
SWB [4]. In these examples, the bitrate set for stereo does
not allow dual mono coding and therefore joint stereo coding
operating at lower bit rate than dual mono is needed. The
present work focuses on the G.722/G.711.1-SWB activity,
and presents an experimental stereo extension of G.722 that
follows the constraints given in [4] for the stereo extension,
e.g. frame length of 5 ms and additional bit rate of 8 or 16
kbit/s.

Let alone dual mono coding, classical techniques for stereo
coding are mid/side (M/S) and intensity stereo (IS) coding
[5], and more recently parametric techniques such as Binaural
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Cue Coding (BCC) [6], [7], [8] and Parametric Stereo (PS)
coding [9]. The most efficient approach — BCC and PS
coding — consists in representing the stereo signal as a mono
signal (obtained by stereo to mono downmixing) together with
some side information describing the spatial image as it is
perceived by the human auditory system. The side information
is usually a combination of short-term stereo parameters (or
cues) defined per frequency subband [9]:

o Inter-channel Level Difference (ICLD) measuring the
level difference (or balance) between channels,

o Inter-channel Time Difference (ICTD) or Inter-channel
Phase Difference (ICPD) describing respectively the time
or phase difference between channels,

« Inter-channel Coherence (ICC) which represents the co-
herence (or amount of correlation) between channels.

The above parameters are used at the decoder to control
the stereo synthesis that will upmix the mono channel to
reconstruct a spatial impression similar to the original one.

Note that for conversational applications some low-delay
stereo coders were proposed based on linear prediction tech-
niques [10], [11]. Still, these techniques do not exploit effi-
ciently the above perceptual cues. For this reason, in this work
an approach similar to BCC and PS coding was selected to
code the perceptually relevant information necessary to extend
G.722 in stereo.

This paper is organized as follows. First stereo to mono
downmixing is reviewed and a novel downmixing technique
in frequency domain is presented in Sec. II. In Sec. III, a
parametric stereo analysis-synthesis based on the proposed
downmixing scheme is described. An application to the stereo
extension of ITU-T G.722 is discussed in Sec. IV. In Sec. V,
experimental results are presented before concluding.

II. STEREO TO MONO DOWNMIXING

Many downmixing techniques in time or frequency domain
have been developed [12], [13], [7]. Downmixing in time
domain does not control finely the phase differences between
channels, and make it difficult to preserve the energy per fre-
quency regions. Downmixing in frequency domain can avoid
theses disadvantages, however this approach comes with some
extra delay and complexity due to the use of time/frequency
transforms.

188



A. Review existing stereo to mono downmixing techniques

Two types of downmix can be distinguished: a passive
downmix corresponds to a direct matrixing of stereo channels;
and an active downmix includes energy and/or phase control.

A general downmixing technique in complex frequency
domain (after Fourier analysis) is described in [13] where the
mono signal Mj] is obtained by a linear combination of Left
(L) and Right (R) channels as follows:

M[j] = wiL[j] + wa R[j] )

wherein wi, wy are complex values, j corresponds to the index
of frequency coefficient. If w; = w; = 0.5, the mono signal
corresponds to an averaging of the two channels.

A special case of this downmix was proposed in [12] where
the L and R channels are aligned before downmixing. The L
channel for each subband is chosen as the phase reference, the
R channel is aligned according to the phase of the L. channel
by the following formula:

R'[j] = exp’ “FPI R[j] )

where R'[j] is the aligned R channel, j is index of the
coefficient in the b** frequency subband. ICPD per frequency
subband is defined as follows:
kpp1—1
ICPD) = £( Y LR

Jj=ks

3

where [ky, kp11] are the frequency boundaries of the corre-
sponding subband and * denotes the complex conjugate. The
mono signal is then computed by averaging the L and aligned
R’ channels [12]:
. /s
i = AR @
Using the phase of L channel to align the R channel,
signal cancellation can be avoided in the case of out-of-
phase channels. Yet, the downmix depends completely on the
channel that is chosen as phase reference. For a stereo signal
where the L channel (phase reference) has a phase which is
not well conditioned (e.g. zero or low-level noise channel),
the mono signal does not preserve well the components of the
stereo signal.

B. Proposed new downmixing technique

We propose a novel downmixing technique in complex fre-
quency domain to avoid some drawbacks of the downmixing
technique of [12].

The stereo channels L[j] and R[j] are downmixed to mono
signal M [j] according to the following formula:

M[j] = |M [f]] - exp?“ MUl 5)

where | M[j]| and ZM|j] representing respectively magnitude
and phase for each frequency subband, defined as:
L1+ R[]

{ )| = ©
/M) = / (L + Rj)

This downmixing method is illustrated in Fig. 1. The
downmix is computed per frequency bin assuming a complex
Fourier analysis of the stereo signals. The magnitude of M|j]
is the average of L and R magnitudes. The phase of M|j] is
given by the phase of L+R.
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Fig. 1. Proposed downmix in complex frequency domain.

The proposed downmixing technique preserves the energy
of the mono signal, as in [12], and avoids the dependency on
one arbitrary reference channel to define the phase of the mono
signal. By definition, the phase of M{[j] lies in the interval
delimited by ZL[j] and ZR[j]. The extreme cases /M|j] ~
LL[j] or LM]j] = LR][j] are respectively found when L or R
is dominant (|L[j]/R[j]| >> 1 or << 1).

ITII. STEREO ANALYSIS-SYNTHESIS BASED ON THE
PROPOSED DOWNMIXING SCHEME

A block diagram of parametric stereo analysis-synthesis is
shown in Fig. 2. This scheme is based on Fourier analysis-
synthesis for time-frequency (T/F) and frequency-time (F/T)
transforms. We describe in this section the blocks correspond-
ing to the stereo parameter extraction and stereo synthesis.
The block denoted 'DMX’ corresponds to the downmixing
described in Sec. II-B.
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Parametric stereo analysis-synthesis.

To simplify the presentation of the analysis-synthesis model,
the stereo parameter are not quantized — the quantization is
considered in Sec. IV where this model is applied to a real
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coder. Furthermore we assume here that frequency subbands
are limited to one frequency bin; the use of frequency sub-
bands of unequal sizes is considered in Sec. IV.

A. Extraction of stereo parameters

Based on the spectra L[j] and R[j], the dominant channel
X|[j] and the secondary channel Y[j] per frequency bins are
determined as:

X[j]l = Llj] L
{ viil= kG YRG! @
and
X[jl =Rl ., ILU]
{ vijl =L 7 R <Y ®

The complex vectors associated with the dominant channel
X|[j] and the secondary channel Y[j] are illustrated in Fig. 3
where the phases a[j] and (3[j] are also defined with respect
to the mono signal M ;] as follows:

{ o= coiar o
alj] = £(x[i)-M°[j)

To simplify the notations, the index of frequency coefficients
do not appear in this figure. Thus X[j], Y[j] and M][j] are
denoted X, Y and M, respectively.
At the analysis side, for each frequency bin the extracted
stereo parameters are :
o The magnitude ratio lé[;” between the two stereo chan-
nels, which is equivalent to the ICLD parameter,
o The phase difference (3[j]) between the secondary chan-

nel and the mono signal - see Fig. 2.

Without loss of generality we assume here that «[j] is not
computed and only $3[;] is kept for the synthesis. The missing
parameter «[j] will be inferred at the synthesis side with no
side information, based on ([;j] and ‘IIL%B”

B. Synthesis of stereo parameters

Note that all signals in this section are denoted by ~ to
differentiate parameters used at the synthesis side. The stereo
synthesis reconstructs the L and R channels using the decoded
mono signal M (n) (transformed in frequency domain) and the
parameters extracted at the analysis side.

L]l
[R[]]

and R channels are synthesized by adjusting the level of Mj]:

If only the ratio per frequency bin is available, the L

L{j] = 1[j].M]j)
g R (10)
{ R[j] = e2[j].M]j]
wherein ¢1[j] and co[j] are defined as follows:
1 — 210
{ Clm R (11)
e2li] =
with I[j] = “]L%w The above synthesis is equivalent to

intensity stereo coding, where only ICLD stereo parameters
are available.

If both “ %j and (3[j] are available, the stereo synthesis is
given by:

12)

X[j] = maz(e1]j], e2lj]). M[j]. exp?®l]

Y[j) = min(el], eal])- M[j]. exp?®V]
The stereo channels R[j] and L[j] are derived from X[j]
and Y[j] using I[j] as in Eq. 7. The condition on I[j] is
necessary to distinguish the dominant (X) and secondary
(V) channels, and match the angles &[j] and 3[j] with the
respective channels.
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Fig. 3. Geometry of the proposed downmix and related properties.

In the following we show how the angle &[j] can be
|

estimated based on the available parameters: ‘l F and (3 [7]-
The estimation of &[j] is illustrated in Fig. 3.

If we project the dominant channel X [j] onto the line OM,
where O and M correspond to the zero complex value and

MTj] respectively, we obtain P with:

R[J]]

X P| = |[X[j]| lsinalj]] = V11| [sin L) (13)
The phase &[j] is therefore obtained as follows:
[vu|
aj] = £ arcsin ‘ sin 3[j ]‘ (14)
x|

The sign of @] is determined by observing that &[] and ([;]
are opposite.

IV. APPLICATION TO STEREO EXTENSION OF ITU-T G.722

ITU-T SG16 has recently launched a standardization ac-
tivity, G.722-SWB (within the Q.10/16), which consists in
extending the G.722 recommendation in two ways:

1) An extension of the acoustic band from wideband (50-

7000 Hz) to superwideband (50-14000 Hz).

2) An extension from mono to stereo.
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Two wideband stereo extension modes of G.722 envisioned:
e A stereo extension of G.722 at 56 kbit/s with an addi-
tional bitrate of 8 kbit/s, giving 64 kbit/s in total.
e A stereo extension of G.722 at 64 kbit/s with an addi-
tional bitrate of 16 kbit/s, giving 80 kbit/s in total.
We review in this section the G.722 standard and describe a
stereo extension of G.722 that is motivated by the G.722-SWB
project.

A. Review of ITU-T G.722

The ITU-T G.722 Recommendation is based on a subband
embedded ADPCM coding scheme [14], [15]. The input
signal of G.722, sampled at 16 kHz, is decomposed into two
subbands [0-4000 Hz] and [4000-8000 Hz] by a Quadrature
Mirror Filters (QMF). Each subband is coded separately: the
lower subband is coded by an embedded ADPCM coder at 6,
5 and 4 bits per sample while the higher subband is coded by
an ADPCM coder with 2 bits per sample. The total bit rate is
64, 56 or 48 kbit/s according to the number of bits allocated
to the lower subband. Fig. 4 presents the block diagram of
G.722.

Higher sub-band %
—» —
X, ADPCM encoder
X H lH M
—» QMF u
Lower sub-band m X
XL ADPCM encoder 1 14
L
I
"4 | Highersub-band [ H |
lat—| D
ADPCM decoder [N
Xout 16kbivs | E
-+—— QMF M
I Lower sub-band I u
< ADPCM decoder  ——— — X
(3 bitrates) 48 kbit/s

T

Mode

Fig. 4. Block diagram of the 48, 56 and 64 kbit/s (7 kHz) G.722 coder.

A bitstream of G.722 can be viewed as a sequence of
(scalar) quantization indices coded with 8, 7 or 6 bits per
sample.

G.722 has an algorithmic delay of 22 samples due to the
QMF filterbank and can operate with any frame size of 2n
samples, n > 1. In this work G.722 is used with a frame size
of 5 ms (80 samples).

B. Description of the proposed stereo encoder

A block diagram of the proposed encoder is shown in
Fig. 5. The Left (L) and Right (R) channels are deinterleaved
and processed by a high-pass filter (HPF) to remove the
components below 50 Hz. Each channel is then transformed
in frequency domain by short-term Fourier analysis. A sine
window of 160 samples (10 ms) is used with 50% overlap;
in other words, the signal is weighted by an analysis window
that covers including the current frame (5 ms) and the next
frame (lookahead of 5 ms). The resulting spectra, L’[j] and

R'[§] (j = 0...80), comprise 81 complex coefficients, with
a resolution of 100 Hz per frequency bin.

R L'[j]
= L(n) M(n)
n G722
-T
X cop
R(n) R’(n) R’[j]

Y m(jl
I_ Delay

M[j]

L=

Lij]

ICLD[k]

Proposed G.722 stereo encoder.

Stereo

RIj] parameter

extraction

Fig. 5.

The spectra L'[j] and R’[j] are partitioned into 20 frequency
subbands following approximately a Bark scale. Note that the
first subbands comprise only one frequency bin. The extraction
of stereo parameters is the same as in Sec. III-A, except that
the ICLD (ratio L[j]/R[j]) is computed per subband — this
extraction is identical for the first subbands reduced to one
frequency bin.

With 5 ms frames the stereo extension has a limited bit
budget per frame: 40 bits at 8 kbit/s and 80 bits at 16 kbit/s.
The quantization of stereo parameters is therefore optimized
for the constraint of short frame size and low bit budget.

In the first layer of stereo extension (+8 kbit/s), the ICLD
parameters are coded by a differential non-uniform scalar
quantization using 40 bits per frame. To make it possible,
the ICLD parameters are partitioned into two blocks of 10
subbands and quantized by alternative the coded blocks in each
frame; hence in frames of even index ¢ only the first block is
coded, while in frames of odd index ¢ only the second block is
coded. This is equivalent to refreshing the coded block every
two frames (10 ms).

A second layer of stereo extension (+8 kbit/s) coming on
top of the first layer (i.e. hierarchical) represents the phase
information f[j] with 40 bits; note that the phase is coded
only in the most important frequency bins (< 1 kHz). As
described in Sec. III-A, only the phase difference (3[j] between
the dominant channel X [;] and the mono signal M [j] is coded.
The phase [[j] is quantized with 5 bits within the interval
[—7, 7] using a uniform quantizer of stepsize 7/16 bits for
1=2,...,9.

C. Bit allocation of the proposed coder

Tab. I and Tab. II present the bit allocation for the stereo
extension at 56+8 and 64+16 kbit/s respectively and the bits
distribution for each stereo parameter, where & is the subband
index. Note that in even frames ICLDI[k = 0] is not coded.

D. Description of the proposed stereo decoder

A block diagram of the proposed stereo decoder is shown
in Fig. 6. The part of bitstream corresponding to G.722 (Layer
0 is decoded at 56 or 64 kbit/s according to the G.722 mode.
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TABLE I
BIT ALLOCATION FOR THE LAYER 56+8 KBIT/S.

Frame | Parameters Bit allocation
even ICLD[k=1,..,9] 5 + 8x4 = 37 bits (3 unused bits)
odd ICLD[k=10,..,19] | 5 + 8x4 + 3 = 40 bits
TABLE 11
BIT ALLOCATION FOR THE LAYER 64+16 KBIT/S.
Frame | Parameters Bit allocation
even ICLD[k=L,..,9], B[j] 37 bits for ICLD
8x5 = 40 bits for phase
odd ICLD[k=10...,19], B[j] | 40 bits for ICLD
8x5 = 40 bits for phase

Layer 0
A A A A
—N G722 |[M Mij L L(n)
Stereo
o Y
D synthesis IAQU R(n)
E F/IT
)~
U R A
X Layer 1 u 1k]
Layer 2 A,
’ u Brir

Fig. 6. Proposed G.722 stereo decoder.

At 56+8 kbit/s the ICLD parameters (per subband) are
decoded and the synthesis is performed according to Eq.10.

At 64+16 kbit/s the ICLD parameters (per subband) and the
phase difference 5[] (per frequency bin) are decoded. The L
and R channels are synthesized in the same manner as Eq. 12.

V. EXPERIMENTAL RESULTS
Two subjective listening tests were conducted:

1) An AB test to compare the quality of the proposed
downmixing with the method of [12].

2) A MUSHRA test [16] to evaluate the quality of the
proposed stereo coder compared to reference coders.

In total, 12 test items were used as listed in Tab. III —
they were all P.341 pre-filtered to the 50-7000 Hz bandwidth
and normalized in level. There were 7 expert listeners for AB
test and 5 expert listeners for MUSHRA test. The tests were
conducted using high-quality headphones. The speech signals
were in French language with single (male/female) talkers and
double talkers.

TABLE III
TABLE OF TEST ITEMS.
Category Item Description
clean speech | tlsl, t3s3 binaural reverberant
t2s1, t4s2 MS anechoic
noisy speech | t7s2, t8sl interf. talker with bin. mic
t5s2, t6sl office noise with MS mic
music music5_inv, music6 | the Beatles, choral song
music8, music9 rap, classical latin

A. AB test results (downmixing)
The AB test is conducted using the grading scale shown in
Tab. IV.

TABLE IV
TABLE OF COMPARISON FOR AB TEST.

-3 | A significantly worse than B
-2 | A worse than B

-1 | A slightly worse than B

0 | A equivalent to B

1 | A slightly better than B

2 | A better than B

3 | A significantly better than B

The test results in Fig. 7 show that the quality of the
proposed downmixing technique is slightly better on average
than the downmixing mono proposed in [12]. For one specific
item (music5_inv) the quality difference is very significant. For
this item the downmixing technique in [12] does not perform
well because the phase of the L channel is partly random.

SRS [] N SR ST S I
[ i
A
FrE Sl T @ & & & & @QNI &
S
-1
U J U
g ' Y

music

Fig. 7. AB test results of downmixing methods (A = proposed downmixing
technique, B = reference [12]).

B. Quality results for stereo coders

The coders used in the MUSHRA test are: G.722.1 dual
mono (2x24 and 2x32 kbit/s) with frames of 20 ms, G.722
dual mono (2x64 kbit/s) with frames of 5 ms, and the proposed
stereo coder denoted CuT (Coder under Test) with frames of
5 ms. Note that the G.722.1 coder [17] is a wideband (50-
7000 Hz) transform coder based on the Modulated Lapped
Transform (MLT), operating with frames of 20 ms overlapping
by 50%; its performance is known to be good for music,
reverberant speech and most types of noisy speech, but it
suffers from pre-echo artefacts for clean speech.

The MUSHRA test results are shown in Fig. 8. The relative
performance of the proposed stereo coder at 56+8 and 64+16
kbit/s can be easily explained. At 56+8 kbit/s, only ICLD
parameter is used to synthesize the stereo channels, therefore
the stereo image is limited for stereo signals that were not
produced by simple pan-pot; in such cases the stereo synthesis
fails to capture the spatial width or phase/time differences. At
80 kbit/s, the L and R channels are synthesized with the ICLD
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and phase parameters, the stereo channels get closer to the
original stereo signal.
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Fig. 8. MUSHRA test results for each category (clean speech, noisy speech,
music).

The results for clean speech show that the quality of the
proposed coder at 56+8 and 64+16 kbit/s is equivalent to
G.722 at 64 kbit/s dual mono. The advantage of the proposed
coder is that it operates at half bitrate compared to dual mono
(2 x G.722 at 64 kbit/s). The performance difference with
G.722.1 dual mono is mostly due to the pre-echo artefacts
with G.722.1.

For noisy speech, the quality of the proposed coder is lower
than G.722.1 and G.722 dual mono, except at 64+8 kbit/s
where the quality is equivalent to G.722.1 at 24 kbit/s dual
mono. The difference with G.722 dual mono can be attributed

to the limited spatial width and fidelity.

For music, the quality of the proposed stereo coder is
equivalent to the G.722 dual mono but inferior to the G.722.1
dual mono. G.722.1 performs well for music while there
are some limitations in the proposed stereo coder (G.722
introducing noise in 4000-8000 Hz, limited spatial width).

VI. CONCLUSION

In this paper, we proposed a stereo to mono downmixing
technique in frequency domain. This technique preserves the
energy of mono signal and avoids issues due to the complete
dependency on one channel (L or R) for the phase compu-
tation. A parametric stereo extension of G.722 at 56+8 and
64+16 kbit/s was described; the quality of the proposed coder
was evaluated in a MUSHRA test. The proposed stereo coder
operates at the lower bitrate than G.722 dual mono, with a
speech and music quality at 64+16 kbit/s that is equivalent to
G.722 dual mono. Future work will aim at improving quality,
especially for noisy speech and music.
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