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ABSTRACT (a) The loss rate can be highly varying. Our measure-
] ~ments of transmissions to some international sites show a
In this paper, we propose a layered CELP speech codinggystained loss rate of 50% or more and bursty losses of three
(LC) scheme that adapts dynamically to the characteristicsy; more consecutive packets. Moreover, the loss behavior is
of the speech encoded and the network loss conditions inyon_stationary and connection dependent. Such a loss be-
real time transmissions of voice over IP. Based on the ITU p5vior precludes the use of source coding methods.
G.729 CS-ACELP codec operating at 8 Kbps, we designa ) The end-to-end delay of an IP packet can be highly
variable bit-rate codec that is robust to losses and defays i varying and can range from tens to hundreds of millisec-
IP networks. To cope with bursty losses while maintain- 4q \ithin a short duration. Since ITU G.114 specifies
ing an acceptable end-to-end delay, our scheme employs e \yorst-case one-way delay in real-time speech to be 400
LC with redu_ndant plggybacklng_of perceptually important ms, loss concealment cannot be accomplished by retrans-
parameters in the base layer, with a degree of redundancy, icsions in TCP but must be done by embedding explicit

gdjusted according to feedbacks from receivers. Under var-.o yndancies in the UDP packets sent. Further, jitter tffe
ious delay constraints, we study trade-offs between the ad+y st he used at receivers to smooth out irregular arrivals.
ditional bit rate required for redundant piggybacking and

the protection of perceptually important parameters. Expe
imental results show that our scheme works well and has
quality comparable to full replication.

(c) The loss rate may go up dramatically when UDP
packets are transmitted at a very high rate (say 100 pack-
ets/sec). Since G.729 encodes speech frames of 10-ms du-
ration each into a set of 10-byte parameters, multiple feame
(calledgroup of frames or GOF) will have to be placed in
1. INTRODUCTION one packet in order to reduce the packet rate. The disadvan-
tage of this approach is that multiple frames in close prox-

Background. In this paper, we study the loss conceal- IMity will be lost when a single packet is lost.

ment of ITU G.729 coded speech transmitted in real time  (d) The loss behavior is not sensitive to the packet size
by voice-over-IP (VoIP). These transmissions may suffer & long as itis within the MTU Hence, one may uggggy-
quality degradations when packets are lost or delayed pebacking to place duplicate copies of GOFs transmitted in the
cause pervasive dependencies in low bit-rate speech codin§@st in each packet in order to ensure that at least one copy
may lead to sustained distortions over a number of consecu®f €ach frame will reach the receiver on time. In practice,
tive frames. Recovering losses from information receiged i ©Nnly & small number of past GOFs will need to be dupli-
also difficult because most implicit redundancies have beencated because the prescribed end-to-end delay will dictate
removed by the encoder in order to achieve a high coding@n upper bound on the delay a frame can tolerate.
efficiency. As a result, the minimal protection provided by ~ Problem statement. The above observations lead to

the built-in loss-concealment algorithm in G.729 does not Unique requirements on the design of speech codecs for
perform well even under low-loss scenarios. \VoIP applications. In our previous work, we have chosen

Our analysis on the Internet shows the following. a fixed 8-Kbps bit rate in the design of a speech-adaptive
layered G.729 codec [1] for concealing losses at receivers.
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To conceal information lost in heavy-loss scenarios withou [112]3[4] 5] 6] 78] 9101112131415 G.729 frames (10 ms eacl
increasing the bit rate, we extend the size of each frame inC 1 )2 X 3 Y 4 X 5 ) GOF (3 frames each)

order to create additional bit space for carrying redundant ‘Three‘fy p%g?ybic"‘;‘dppafktelts () New GOF

information. The increased frame size leads to a dramatic'=== — e £ZZZZ Redundant GOF
H H . C i —ai ==

degradation in the coded speech quality, even under no loss. o 1 )|Packet2

Obviously, according to (d) above, a constant bit rate is un- 2 [ 5 )Packet3

necessary in designing a speech codec for VoIP applicationFiaure 1:Piaavbackina of three GOFs in each nacket transmitted.
in the Internet. To this end, we study in this paper the de-
sign of a speech codec with a relaxed bit-rate requirement,
as well as a network-adaptive piggybacking scheme to com-
bat the non-stationarity of packet losses and delays.
Without indiscriminately increasing the bit rate, we

study two related issues in the design of a robust G.729 W
coder that allows loss concealments at receivers witheut re
transmissions. Assuming redundant copies of GOFs trans- ¢, w7
mitted in the past are piggybacked in each UDP packet %
transmitted, we first investigate trade-offs between the de

gree of piggybacking and thenconcealableframe loss rate w
(UFLRor fraction of frames whose loss cannot be recovered

from the redundant frames piggybacked later) over a wide © _ |7 Smecre

range of loss conditions and delays. Figure 1 illustrates th L || I poamaccmey

grouping of three G.729 frames into a GOF and the place- orl [==rom e - . J
ment of redundant copies of two previous GOFs in the cur- End-to-end delay constraint [ms]

rent UDP packet transmitted. Next, we study trade-offs be- Figure 2:UFLR with respect to end-to-end delays for piggyback-
tween the importance of a parameter encoded by G.729 andng under different degrees of redundancy between UIUC and a
the number of bits required to protect it by a redundant copy. Taiwan, b) Thailand, and c) Argentina. The traces were ctalte
We protect parameters that have the largest impact on perin April 2003.

ceptual quality at receivers, while saving the bit spacediy n
protecting perceptually unimportant parameters. We mea
sure perceptual quality by the ITU P.862 PESQ objective

2] designed f luating th tual lit
measure [2] designed for evaluating the perceptual quality Figure 2 depicts the effect of redundant piggybacking

of speech coded by low bit-rate coders.
P YIS of 2,000 UDP packets on the UFLR for various end-to-end

Wwe compare the qgallty of our integrated plggybackln_g delays between UIUC and Taiwan, Thailand, and Argentina
and coding scheme with that of a reference scheme which

places redundant copies of as many GOFs as possible irgrepresenting, respectively, low, medium, and high loss sc

each packet, up to the MTU allowed. By adapting the de- narios). For any delgy constraint, a scheme with a higher
. ) . degree of piggybacking always performs as good as or bet-
gree of redundancy in each piggybacked packet using feed- . .
. . ter than schemes with a lower degree. Under very tight de-

backs from receivers and by protecting only perceptually
important parameters, our scheme will have a perceptual
quality very close to that of the reference scheme, while re-

quiring a bit rate close to that of the original G.729.

_quality further. As a result, we deem a 5% UFLR to be
acceptable in order to limit the probability of convoluted
distortions in multiple losses.

lay constraints, piggybacking does not help in loss conceal
ments because late arrivals dominate most losses. In that
case, the performance of a non-redundant scheme and that
of redundant piggybacking with an infinite degree are iden-
tical. In contrast, a higher piggybacking degree is bersdfici
2. LOSS-ADAPTIVE REDUNDANT for reducing the UFLR when the delay constraint is relaxed.
PIGGYBACKING UNDER DELAY CONSTRAINTS Under very loose delay constraints, no packet is late, and
only long bursty losses can cause unconcealable losses. The
In this section, we present a loss-adaptive redundant pig-results also show that, for a given delay constraint, the de-
gybacking scheme that aims to reduce the UFLR to an ac-gree of piggybacking required to keep the UFLR below 5%
ceptable level within a given delay constraint. Observa- is connection dependent. Hence, it is important for recsive
tions reveal that the distortion effects due to an isolated to feed this information back to senders and for senders to
lost frame last for about ten frames [1] or until a voiced- adapt its piggybacking degree dynamically.
unvoiced speech boundary is reached. Moreover, if a loss  Figure 3a depicts the variations in the UFLR for differ-
is unconcealed when the distortion effects still persstfr  ent piggybacking schemes and a medium-loss connection to
previous frames, then the accumulated effect will degradeThailand with a 300-ms delay constraint. It shows that the
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T

= ‘ ‘ Table 1:Various schemes for protecting the parameters in voiced

sSDC i . . . .
B Soo-PiG-2 /\ and unvoiced frames. (PP&PG: pitch period & gain; AP&AG:
1250 PIG-4 ACB pulses & gain; S: built-in loss concealment; R: replkch).
ol 2 hdepte , \ Schemd \Voiced Unvoiced Onset || Silence
< / \ @IOIOI@OEIOT@IMIOTON] &
z 75 LPC S|IR|S|R S|S|R|R|S|R S
> / \ PP&PG||R|R|R|R||S|R|S|R|S|R| S
V\/\/ \[ AP&AG || S| S|R|R| R|R|R|R|R|R S
25 2 Lok
E W [
; ¥ lp-q\ 4P'\ Iy—voc \\b“ 3.8 T T T T
5 320 4(“)0 8?0 412“06 N g 16:00 2000 6k _
<% % 460 860 packet index 12100 16100 2000 34r
Figure 3: Performance of static and network-adaptive redun- s2r

dant piggybacking schemes: a) UFLR; b) degree of redundancy § 5
in network-adaptive piggybacking scheme (each point isvan-a &
age over a sliding window of 80 packets, with 50% overlap). 28

Network & Speech—-adaptive Scheme ‘

UFLR for SDC (single description coding with no redun- ,

dancy) is unpredictable and wildly varying, leading to un-
stable and inferior speech quality at receivers. On therothe 22 10 15 ‘ : % %
hand, redundant piggybacking with a fixed degree results in

smaller and infrequent changes in the UFLR, although theadaptive and network- and speech-adaptive schemes foriammed

0,
loss rate cannot be guaranteed to be always below 5%. loss scenario in Figure 2b with, respectively, 300, 350,40@Ims
To ensure a stable UFLR, we propose a network adap-qn-to-end delays.

tive scheme that uses the smallest degree of piggybacking
to achieve an UFLR of 5%. The scheme is updated peri-  \ve have shown in our previous work [1] that, in low

odically (every 40 packets) using information in the past {4 medium loss scenarios, excitation parameters in G.729

80 packets. We only consider two-way, three-way and gre more important than LPC in terms of perceived speech
four-way piggybacking because consecutive losses of fourquality. This observation leads tchgbrid-L C scheme that

or more packets are rarely encountered. Figure 3b shows;aces LPC in the enhancement layer and interleaves them
the degree of piggybacking used in our network-adaptive y,1ing packetization, while placing the excitation parame
scheme. The resulting UFLR experienced is further indi- (o5 in the base layer and replicating them in multiple pack-
cated by circles in Figure 3a. Using infrequent feedbacks to ¢ according to the degree of interleaving.

senders, our network-adaptive scheme allows the UFLR to We have also found that the most important parameter
be bounded to below 5%, except for infrequent cases withs,, \qiceq tesp., unvoiced and onset) frames is the pitch

four or more consecutive lost packets. (resp., ACB and ACB) information. (An onset frame is the
first voiced frame following a series of unvoiced frames.)
3. SPEECH-ADAPTIVE LAYERED CODING Hence, in aspeech-adaptive L C scheme [1], it first classi-
fies a speech frame into voiced, unvoiced and onset, using
Based on redundant piggybacking, we present in this secthe energy and the number of zero crossings in the frame. It
tion some protection schemes that exploit the trade-offs be then protects the pitchrésp., ACB, ACB) information for
tween bit rate and perceptual quality. We identify G.729 voiced fesp., unvoiced, onset) frames. This scheme is rep-
parameters that have the largest impact on perceptual qualresented in Table 1 for the four classes of frames.
ity and protect them by redundant piggybacking at senders.  Under a fixed bit rate of 8 Kbps, we have further
Layered coding (LC) divides an information stream shown in our previous work [1] that the speech-adaptive LC
into individually decodable units for the purpose of apply- scheme outperforms the built-in loss concealment of G.729,
ing different protection techniques, depending on thei im the hybrid-LC scheme, and the full-replication scheme in
portance. The most important information is placed in the low- and medium-loss scenarios, but fails to do so under
base layer, whereas other information is placed in enhanceheavy losses. As the bit rate is fixed in these schemes, they
ment layers. Our approach is to classify G.729 parame-must extend their frames and subframes in order to create
ters in each frame into layers such that the base layer hasdditional space for carrying redundant information. The
the most perceptually important parameters, while enhance speech-adaptive scheme has better quality because it selec
ment layers carry less perceptually important parameters. tively protects critical parameters depending on the voice

20
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Figure 4: Bit rate-quality trade-offs for piggybacking, network-



(a) UIUC—Princeton (b) UIUC-Taiwan (c) UIUC-Thailand
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Figure 5:PESQ of received sequences [3] between UIUC and three dtstia evaluated at each hour over a 24-hour period, usinggr
collected in April 2003 and a 300-ms delay constraint. IrheRESQ plot in the top row, solid black: ITU G729 (8 Kbps); bltwo-way
piggybacking (16 Kbps); green: three-way piggybacking K&fs); red: four-way piggybacking (32 Kbps); circles: oetwork-adaptive
piggybacking with full replication (average bit rate a) 18 16K, c) 16.2K); diamonds: our speech- and network-adapC (average
bit rate a) 12.3K, b) 12.3K, c) 12.6K). Second row: packes l@ges. Third row: average and standard deviation of nétdelays.

characteristics. As aresult, itrequires a smaller spacefo  ment (8 Kbps and PESQ of 2.39). It demonstrates that our
dundancy and, consequently, less increase in the frame ang@roposed scheme requires 24% less bit rate than full repli-
subframe sizes in order keep the bit rate fixed at 8 Kbps. cation, yet has only 9% degradation in PESQ.
However, because of increased frames and subframes, it Using UDP packet traces between UIUC and Princeton,
performs worse than SDC under no loss. Moreover, it Taiwan, and Thailand and a 300-ms delay constraint, Fig-
does not perform well in heavy-loss scenarios because thaure 5 further details the perceptual quality of our proposed
amount of protection is inadequate under the fixed bit rate. network and speech adaptive LC scheme, the network-
To address these issues, we relax the requirement on biadaptive full-replication scheme, the G.729 with built-in
rate and use piggybacking to carry redundant information loss concealment, and various piggybacking schemes.
of previous GOFs. Table 1 shows the trade-offs between  For connections with a very low loss rate and a low aver-
the bit rate and perceptual quality for the various schemes. age delay, Figures 5a and 5b show that our network-adaptive
Our study has shown that LPC can lead to better percep-scheme achieves quality similar to that of four-way piggy-
tual quality under any loss scenario with a minimal increase backing with half the bit-rate, and that our speech-adaptiv
in bit rate. Hence, in addition to the information in the scheme achieves robust and acceptable quality with about
speech-adaptive LC scheme, we include LPC in Schemes47% further reduction in redundant information.

(b) and (h) for, respectively, voiced and unvoiced frames. For the connection with medium-loss rate and substan-
Our study has also shown that onset frames are assotially higher delays and jitters, Figure 5¢c shows that, \aith
ciated with high ACB gain and large changes in LPC pa- end-to-end delay constraint of 300 ms, some packets are late
rameters and pitch gain. As they cannot be predicted ac-and are not useful for play-out, and even four-way piggy-
curately by the standard loss-concealment algorithm, we al backing cannot achieve the maximum quality. Our network-
ways replicate them in piggybacking (Scheme (j)). Further, adaptive scheme however, performs close to the four-way
our scheme identifies silence frames and applies no replicascheme with about half the bit-rate, while using a higher de-

tion on those frames (Scheme (k)). gree of redundancy only when needed. Our speech-adaptive
scheme achieves similar and acceptable performance with
4. EXPERIMENTAL RESULTS 44% further reduction in redundant information.
Figure 4 shows the trade-offs between the bit rate and the 5. REFERENCES

perceptual quality among the various schemes, using UDP . _
packet traces between UIUC and Thailand, for speech selll fB' Slat and B. Wi Wah, Sfpeeclh'adapt"’e Iayere;jPG.;ZQmode
. ! . or loss concealments of real-time voice over IP,” Rroc.
quences in [3] and three end-to—enq delay constraints. IEEE Int'I Conf. on Multimedia and Expo, July 2005.
The figure shows the rate-quality trade-offs among the

. L . [2] A. W. Rix, J. G. Beerends, M. P. Hollier, and A. P. Hek-
six schemes under a 300-ms delay constraint: four-way pig-" * stra, “Perceptual evaluation of speech quality (PESQpa. n

gybacking (32 Kbps, PESQ of 3.48), three-way piggyback- method for speech quality assesment of telephone networks
ing (24 Kbps, PESQ of 3.44), full-replication with network and codecs,J. of the Audio Engineering Society, vol. 50, no.
adaptation (17.4 Kbps and PESQ of 3.33), two-way pig- 10 pp. 755-764, Oct. 2002.

gybacking (16 Kbps, PESQ of 3.3), our proposed schemel3] D. Lfin andlB_- W. YVahB_“LSP-ba_SEd mU“:g"I?I-EdEeES%riptiordeO
with speech and network adaptation (13.3 Kbps and PESQ g for real-ime low bit-rate voice over IP, rans. on

of 3.03), and the original SDC with built-in loss conceal- Multimedia, vol. 7, no. 1, pp. 167178, Feb. 2005.



