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2 Audio Packet Loss Recovery

through Waveform Substitution

Previous proposals for receiver-only concealment of lost

audio packets substitute the missing signal segment by

repeating a prior segment. The “Pattern Matching”

([6], technique repeats a correctly received signal

segment, of which maximum similarity with the lost

segment is assumed. This is accomplished by match-

ing a sample pattern immediately preceding the gap to

series of samples received earlier. As entire signal seg-

ments of at least one packet duration are completely

repeated, this may cause echoing sounds.

Echoes can be avoided by “Pitch Waveform Replica-

tion” ([6], [7], [10]), where only one pitch period found in

the most recently received packet is repeated through—

out the missing packet. An extension of this technique,

called “Phase Matching”, provides for synchronization

on both edges of the substitute, reducing a clicking

distortion caused by the other two methods In

the latter two cases the multiple repetition of the same

small signal segment can lead to tinny sounds.

All of these techniques have in common that, with

an increased length of the lost segment, the perceived

quality deteriorates severely. We believe that this de-

crease in quality is to a large extent due to the spe-

cific distortions introduced by the different concealment

techniques. Therefore, in the following sections a new

method, based on time-scale modification, is proposed.

3 Description of the new method

3.1 Time-scale Modification with the

WSOLA Algorithm

An appropriate algorithm must perform time-scale

modification in real-time, and it may not change the

pitch frequency to preserve natural sound. The “Wave-

form Similarity Overlap-Add” (WSOLA) algorithm

presented in [9] meets these requirements.

As shown in Fig. 2, time—scale expansion is achieved by

extracting segments A,, from the input signal at time

instances tan} and superimposing them in the output

signal at larger spaced time instances ty,,. The time in-
stances tm, are selected from a tolerance interval around

t$,,_1 + Tw, where the input step size Tm controls the

time—scaling factor. To achieve a synchronized overlap
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of the A,, in the output signal, the candidate for A,,

is chosen from the tolerance interval, whose leftmost

L’ samples resemble as close as possible AL, where L’
denotes the length of AL. A computationally efficient

similarity measure, the cross-correlation coeflicient

L’—1

cc(1/, 6) = Z a:(tx,,_1 + T3, + k + 6) -a:(t$,,-1 + Ty + k)
k=0

is used Then the desired time instance is

t3“, = tw,,_1 + T3 + 6*, 6* = argmax(;{cc(z/,

The output step size is fixed to T = %L (L being the
length of the A,,) and a fixed length hanning window

is employed for overlap.

input signal x

search region for ix,

Txi‘5max'/ Ty A1' ‘J for comparision with A1
/and A2, used to find the’x1*Txl‘5max Ty*’x1 A2‘ best positions ix, and txg

 

  
pitch period of
audio signal

 
Figure 2: Enhanced speed version of the WSOLA algo-
rithm.

3.2 Selection of Parameters

Fig. 1 shows the principle of error concealment using

time-scale modification of correctly received packets.

Distortions due to discontinuities at the boundary of

the substituted and the next received packet are re-

duced by overlapping them in the range of 2 ms using
hanning windows.

As the WSOLA algorithm was originally developed for

time—scale modification of long speech sequences, the

parameters Tx, 6, Ty and the lengths of A,, and AZ,
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must be chosen carefully to preserve the good sound

quality when WSOLA is applied to short signal seg-

ments as shown in Fig. 1.

AL must include at least one pitch period, so that

the correct synchronization can be found (L’ 2 T,,,m,m,

where Tp7ma$ denotes the maximum pitch period of a

speech signal). In contrast to [9], we chose the maxi-

mum possible interval [—T$, Ty — T3,] for the parameter
6. The length of this interval must as well include at

least one pitch period (Ty = L/2 2 Tpymax). We obtain

L’ 2 L/2 for the relation of the lengths of A,, and AL.

In our experiments we set L’ = L/2 ([9]: L’ = L), which

results in an enhanced speed version (Fig. 2) with no

pereeivable deterioration of the output signal.

In addition, there is the following relation between the

length of the input series of samples lm and the estimate

1;” of the number of samples used by the algorithm,

!

lg” z (N—— 1)Tx +L 3 lm

where N is the number of extracted segments (0 _<_ 1/ <

N). Another constraint exists between the number of

samples lam; needed to replace the missing speech seg-

ment and the length of the output series of samples lfmt

received from the algorithm:

llout:(N—1)Ty+L:(N+1)

For long speech sequences we have L << lm, so the time-

scale ratio B = Ty/Tm is approximately equal to the

expansion ratio 04 = lout/l,-,1. However, for very small

input lengths the above condition doesn’t hold, which

results in ,6‘ >> a. This implies extreme time expansion

and poor output quality. Thus it is necessary to chose oz

as a compromise of output quality and additional delay

introduced. Additionally, an optimization algorithm for

the parameter 5 ' lam might be employed toout _

minimize loss of information. A further suggestion for

the choice of these parameters can be found in [11].

3.3 Discussion of Delay and Computational

Complexity

While other waveform substitution techniques repeat in-

formation from correct packets, our new scheme also

modifies these packets themselves. Thus the computa-

tional effort to execute the algorithm is higher. Addi-

tionally, it. is necessary not only to keep a copy of a
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certain number of packets, but to withhold these pack-

ets from the playout buffer.

Considering the parameter relations described in the

previous paragraph, we chose to conceal one lost packet

(160 samples PCM 8 kHz (G.711) ——> 20ms audio) with

three following packets. Four packets are needed to

recover from the loss of two consecutive packets. In

Fig. 1, packets 1 — 5 have to be queued for WSOLA

and packets 1 — 3 for the other techniques, if overlap-

add with correct neighbor packets is performed (for the

other algorithms, copies of packets preceding packet 1

have to be stored dependent on the length of the search

area). In communication systems that artificially intro-

duce audio delay, such as video conferencing systems

([12]), the extra delay is acceptable. Furthermore, au-

dio tools like vat and Ne VoT include delay adaptation

mechanisms ([13]), which add some delay to cope with
packet delay jitter.

In the above example, twice the number of additions

and four times the number of multiplications have to be

performed, compared to the other algorithms (see [14]

for a detailed analysis). Taking into account the abso-

lute number of operations (m 8- 104 multiplications and

z 4- 104 additions for the example) and the execution

time usually available (because of delay adaptation) as

well as the computing power of today’s average hard-

ware, the computational effort can still be considered
as low.

4 Experimental Results

4.1 Test Environment

Four speech signals with different pitch frequencies (two

male and two female speakers), sampled at 8 kHz,

were used. The new Time—scale Modification technique

(TM) was compared to Silence Substitution (S), Pat-

tern Matching (PM) and Pitch Waveform Replication

(PWR) using 40 test conditions of 10 seconds each.

Thirteen non-expert listeners were asked to judge over-

all quality on a five—category (Mean Opinion Score)

scale, comparable to test schemes used in [1], [2], [7]

and Additionally the presence of the disturbance

components “tinny, metal”, “interrupted, clicking” and

“echoing, reverberating” for each condition was judged.

We modelled single packet loss by suppressing one

packet within five (“1 of 5”) and double packet loss by
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