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Abstract— This paper describes a novel packet loss conceant
(PLC) algorithm for Bluetooth CVSD codec by updatirg decoder
states efficiently through state-copying. In the poposed method,
the decoder states are stored in buffers and therelected based
on the estimated pitch period of the decoded signalhe selected
states are used to reset the decoder states whewe fhacket is lost
or corrupted. Objective evaluations show the propaesd algorithm
consistently outperforms the decoded domain PLC atiithm.
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. INTRODUCTION

Packet loss occurs frequently in VoIP or wirelessce
communications under adverse connection condifibpd ost
packets result in clicks and pops or other artifabat greatly
degrade the perceived speech quality at the receside.
Packet loss also poses significant challenges tonwatic
speech recognition engines [2]. In the increasingdiguitous
Bluetooth wireless communication, voice is trangditover
synchronous connection oriented (SCO) or
synchronous connection oriented (eSCO) logicalslinksing
primarily Continuous Variable Slope Delta Modulatio
(CVSD) codec [3]. Like many other wireless commaiticn
protocols, Bluetooth, operating within the publid ZHz ISM
(Instrumentation, Scientific, and Medical) bandpjsats to
various interferences. Besides limited retransmoissi
mechanism in eSCO links, SCO/eSCO does not off
sophisticated sender-based packet loss recovergitpes due
to the stringent requirements of low power consummpand
low delay. Furthermore, unlike many modern speemtfecs,
there is no built-in error concealment mechanism the
Bluetooth CVSD codec. Rather, as pointed out by
specification [3], it is left to the developer t8ilf’ in the lost
speech segment”.

To combat the adverse impact of packet loss, mackai
loss concealment algorithms, also known as franssuee
concealment algorithms, have been proposed in &sé [].
Such algorithms normally operate at the receivele sby
generating a synthetic speech signal to cover ngssiata
(erasures) in a received bit stream. Among vari®l<
methods, pitch based waveform substitution, suctGadl
Appendix | [4], is highly popular due to its relati simplicity
and good performance. Using the quasi-periodic gutgpof
speech signals, the basic idea of such methodsfils the gap
using waveform segment that is one or multipletpjperiods

th%

apart from the gap. Such an approach can be viagtiet for
simple, memoryless coding scheme like PCM. Howeét/és
unable to fully address packet loss problems faoders that
rely on internal states in addition to input bitesim to decode
data. In such codecs, when a packet is lost oupted, the
internal states of the decoder typically remairthat pre-loss
condition assuming that the corrupted packet isdegbded. If
the corrupted packet is decoded, not only erroneatisut is
generated, the decoder is also left with inconretrnal states.
In either case, the disturbance of the state valilegender the
decoded outputs incorrect for subsequent packets #nough
correct bit sequences are received. This is becdhse
incoming coded bits were generated by the encodsedon
the true states that are different from the onéds ile the
decoder after a packet loss. Depending on the cedemeous
internal states can result in an unstable decodérs&rious
audio artifacts. This is the case for the BluetddWSD codec,
where incorrect internal states such as step-siézal Ito
erroneous decoded waveform offsets [2]. Therefersrs in
the decoder states should be corrected as muchsatble in

extendedrder to achieve satisfactory audio quality.

Some methods have been proposed in the literature t

address the state mismatch issue. In [2], CVSD dbycstates
are implicitly updated by using silence substitntior packet
repetition on the decoder input bits. Although Igegfficient,

the effectiveness of such methods is limited asiguated state
values could still be very different from the trualues. Pitch

®hased bit stream substitution is proposed in [Hjens the

corrupted/lost coded data are replaced with codmd th a
history buffer based on pitch. The states are witpliupdated
by decoding the replacement bits. In [6], lost fesmare
replaced with decoded data and the states arenebtdy re-
ncoding the replacement data. Finally a re-phgsingess is
employed to update the decoder states in [7], wtierghase
difference is the time lag between the extrapolaigdal and
the decoded audio signal. With the extra encodiagpding, or
extrapolation operations, the above methods indditianal

computational cost which is undesirable for highégource
limited platforms such as Bluetooth.

In this paper, we propose an efficient alternatipgroach
to update CVSD decoder states via state-copyingcifigally,
proper state values are selected from a bufferwkiores all
the pre-loss states up to a pre-defined duratitwe. Selection
criterion is based on the pitch of the decoded aigiihe
remainder of this paper is organized as followssdation Il a
brief overview on the Bluetooth CVSD codec is givelihe



state-copying algorithm is described in section Hihally the
simulation results are presented in section IV, aednclusion
is made in section V.

Il.  BLUETOOTHCVSD CODEC

The CVSD codec in Bluetooth protocol is an adaptigtta
modulation algorithm, where the encoded bits ingicghether
the prediction value is smaller or larger than timput
waveform. The input to the CVSD encoder is line@MPwith
64 kHz sampling rate. Sampling rate conversion ésded
before CVSD encoder and after CVSD decoder forowayand
speech sampled at 8 kHz. Unlike many other codeusrav
some bits are more crucial, bits have equal weigh®VSD.
Although this avoids a devastating decoder breakdom
receiving corrupted data, it also means that &lkits need to
be equally protected in contrast with only needmgrotect or
recover the important bits. Random bit errors inSDV bit
streams are manifested by a higher level backgrawisk in
the decoded PCM speech, but the signal can remigltigible
except in the extremely high Bit Error Rate (BERNdition.
This can be attributed to the Bluetooth CVSD’s tli¢lta
modulation mechanism and the low pass filtering@fbf the
down-sampling conversion from 64 kHz to 8 kHz.

The main components of a CVSD decoder are the step

control module and the accumulator [3]. Lk) denote the

CVSD decoder input bity(k) the accumulator contents, and

J(k) the step size. The output of the decodg) is given by
x(k) = hy(k)

where h is the decay factor for the accumulatg(k) is derived
from the previous decoder output, the input bit] &me step
size, as expressed by

y(k) = x(k —1) +b(k)d(k) )

@)

of the decoded signal. Fig. 1 is the block diagramthe
proposed algorithm.

When the received packet is corrupted or simply, las
pitch-based waveform substitution PLC is performetijch
estimates the pitch of the corrupted packet usirguffer of
past decoded signal. As shown in Fig. 1, the pichot only
used for selecting a slice of buffered decodedadigmreplace
the corrupted signal, but also used to select @ $tam the
state buffer to be the ending state of the loskgiaor the initial
state of the first good packet after erasure. $ipelly, the
selected state has a time lag with the ending statbe lost
packet corresponding to the estimated pitch peasiats integer
multiples. This is based on the same principle usgdhe
decoded domain pitch-based PLC algorithms, whidtesa
advantage of the quasi-periodic property of spesignals.
Note that since the pitch is estimated using thendsampled
decoded signal, the actual pitch period for staiection is
eight times of the estimated value.
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Note thatb(k) has values -1 and 1, mapped from 1 and O,

respectively.

To reduce slope overload effects, Bluetooth CVSheco
uses 4-bit syllabic companding, where the adapiiep-size
value is adjusted based on whether the four mostnte
encoded bits are equal or not.

min{d(k =1 + S » Omas
max{Bd(k-1),3,,},

if 4bitsequal,
otherwise

a(k) = { )

where gis the decay factorg,,, and J,,are the minimum and
maximum step sizes.

It can be seen that in the CVSD codec, in ordeyetterate

Figure 1. Block diagram of the proposed PLC system.

Consider the case where a packet lengihq 240 bits (@
64 kbps) and the pitch period is estimated toH)g;ogeq= 60
samples (@ 8 kHz). This corresponds to a pitclogest: Py =
60 x 8 = 480 bhits. Since the ending state of theoder is
required, the decoder state update module seleetsi¢coder
state that is located, — L bits from the end of the decoder state
buffer. In this caseSelected state P, — L = 480 — 240 = 240
bits. If Py —L < 0, then the decoder state update module selects
the decoder state that is locatd®) — L bits from the end of the
decoder state buffer, whenme is the smallest integer that
satisfiesnP, — L >=0. The minimum length of the decoder state

the outputx(k) , both previous decoder output and the currenbuffer is P — L, where P, is the maximum pitch period

step size are needed. In the next section we wgtidbe the
state-copying method for updating these two stat@bles.

[ll. DECODERSTATE UPDATE VIA STATE-COPYING

In stead of performing decoding or encoding to tet
proper state values, we select the states fromfferbahich
stores all the intermediate statex(K) , d(k) ) before the
corrupted packet. The selection criterion is basedhe pitch

under consideration. For exampl,., might be chosen to be
107 x 8 bits which corresponds to a minimum pitagéiency
of 75 Hz.

Note that if the selected state is too far apastnfrthe
ending state of the lost packet, it may become itaida for
replacement due to potential amplitude mismatchs T$sue
can be alleviated by performing some simple adjestron the
selected state as described below.



For a Bluetooth CVSD codec, the two state variabtesbe
represented as a state vec®r$S = [, ¥]. Fig. 2 illustrates the
decoder states in the decoder state buf&rs the state vector
selected to update the decodfr,is the ending state vector
before the degraded pack&is the state vector that is one
pitch period previous t@&, L is the length of the degraded

used G.711 Appendix | PLC algorithm [4] yet being

substantially more efficient.

IV. EXPERIMENTAL RESULTS
To evaluate the effectiveness of the proposed-stgiging

packet andP, is the estimated pitch period. Adjustments maymethod, we compared the PLC systems with and withou

be made to the selected stafie,based on the amplitude ratio State-copying. The

between the state just before the degraded paSketnd the
state with the time lag of one pitch period frongit
.S
§=25 ()
S

This is based on the assumption that when the péahgth is
not too long, the amplitude relationship betwees $klected

ITU standard - PESQ (Perceptual
Evaluation of Speech Quality) [9] was used as thgdaive
measure. In this paper we reported PESQ MOS-LQQ®@esco
[10], which is converted from the raw PESQ scoraltow a
linear comparison with subjective MOS. The cleares
files were from NOIZEUS [11], which contains 30 IEE
sentences (produced by three male and three fespabkers).

). To simulate packet losses in Bluetooth voice

state § and the ending state of the lost packet can beommunication, input signals are first up-sampled4 kHz,

approximated by that & andS

b
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Figure 2. Schematic representation of the decoder staterbuffe

and then coded using CVSD encoder. The bit stream i
corrupted by dropping signal packets at random tiouos,
with the loss rate at 5%, 10%, 20%, 30%, 40%, &%.5The
corrupted bit stream is then decoded using CVSDhdecand
the output is down-sampled to 8 kHz. In the plata packet
drop, a packet of zeros is inserted into the dedcgignal to
generate the unprocessed corrupted signal. Theupted
speech signal is then processed by the proposedathGind
without decoder state update, respectively. By @nng the
two outputs, the effectiveness of the proposedestapying
method can be validated. The length of the packetoosly
has impacts on the PLC performance. In Bluetodtéret are

When the received packet is good, it is passedheo t 11 types of synchronous (SCO and eSCO) packetd) wit

decoder directly and all the intermediate statedtednby the
decoder and the decoded signal are stored in thesponding
buffers. Note that updating all the buffers withrresponding
substitutes is also required after a lost packet.

As shown in Fig. 1, the second part of the propasetem
employs a typical decoded domain PLC algorithm.hSan
algorithm consists of a pitch estimation modulelata buffer,
and a replacement module. The data buffer contaistery
signal samples before the lost packet, which igl dee both
pitch estimation and data replacement. The lenfitheobuffer
is at least two times of the expected maximum pitetiod. For
example, if the minimum pitch is 75 Hz, the buffength is at
least 213 samples at 8 kHz sampling rate. The ceplant
module is responsible for selecting samples froentihffer to
fill the gap. Overlap-add is performed at the cdecation
boundary to smooth out discontinuities.

In the proposed system, the pitch period is eséthaising
a highly efficient three-stage pitch determinatagorithm [8].
In stage one, pitch is calculated using the stahdarmalized
cross-correlation (NCC) method with time lag comgrithe
pitch range of [75, 150] Hz. The input signal icideated by a
factor of two for reduced complexity. Stage tweeséd the best
pitch candidate based on the pitch determinedaigesbne and
its integer multiples. In stage three the estimaiggh is further
refined by selecting the pitch that minimizes distms at the
concatenation boundary where an overlap-add isopeed.
Using this pitch estimation method, the decoded alnnonly
PLC algorithm has been shown to outperform the contyn

payload length ranging from 1 to 540 bytes [3]. Be

representative, we chose packet sizes of 30 arshBples at
8 kHz sampling rate in the simulation test, whichrespond
to the maximum length of the commonly used HV3/EAfI

2-EV3 packets.
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Figure 3. PLC PESQ MOS-LQO scores for packet size of 30 sesat
various loss rates

Fig. 3 illustrates the PESQ MOS-LQO scores of the
proposed PLC algorithms for packet size of 30 semplt
various loss rates. The curve ‘30-Zero’ represtmsscores of
zero-inserted signals, whereas ‘30-StateCopy’ ad- *
Decoded’ are the results of the proposed algorithith and



without codec state update. It can be seen thét BhiC
systems outperform the baseline system at all dbe tates.

sounds smoother and less robotic.
The state-copying method is highly efficient aseitjuires

Notably the advantage of state-copying becomes morgeither encoder nor decoder operation during paokst thus

substantial at higher loss rates. This shows thaigher loss
rates, the CVSD decoder state drifts further awasnfthe true
values, which causes prolonged degradation on gqubsé
packets. Without proper states, the PLC algorithetyimg
solely on the decoded signal fails to yield sigrifit
improvements over the unprocessed input.
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Figure 4. PLC PESQ MOS-LQO scores for packet size of 60 sasngl
various loss rates

Fig. 4 shows the results for 60-sample packet sidech
reveals similar patterns. One noticeable differdvetgveen the
two packet sizes is that the improvement of ‘6Qefiapy’
over
substantial than that of 30-sample packet sizes ifplies that
for longer packets maintaining proper state vatnag be more
critical.
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Figure 5. Waveform examples of PLC output for packet sizé@®bamples:
(a) orginal clean speech; (b) zero-inserted coedigtgnal; (c) output
waveform of the proposed PLC system without decstie update; (d)
output waveform of the proposed PLC system wittodec state update via
state-copying

Fig. 5 shows waveform examples at 50% loss rate fohl]

packet size 60. It is evident from Fig. 5(c) and)5that the
output of state-copying method has fewer discorttasiand
is much closer to the original speech signal. Recedly it

‘60-Zero’ and ‘60-Decoded’ appears to be more

saves the precious computing resource to the ddcdalmain
PLC module. The data buffering process can be ieffity
implemented on DSP via circular buffering. The sstedpying
approach, however, does have its drawback of pgatgniigh
memory consumption. For CVSD, it is not a seriossue
since there are only two state variables. For codeataining
nontrivial numbers of state variables, a large amhoof
memory may be needed. For example, ITU-T ADPCM spee
codec G.726 [12] has over 20 internal state vaembivhich
makes state-copying a less attractive solution.

V. CONCLUSIONS

We have described a novel packet loss concealment

algorithm for Bluetooth CVSD codec. The unique citnttion

is the efficient decoder state update method ustaje-
copying. In this approach, the internal states 68D decoder
after packet loss are set to the states selected fine state
buffers, which store all the pre-loss state valld® selection
criterion is based on the estimated pitch periothefdecoded
signal. Objective tests using PESQ demonstrate that
proposed algorithm consistently outperforms botd #ero-
inserted approach and the decoded domain PLC withou
decoder state update.
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