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Abstract 
The mobile market is an interesting and rapidly growing 
market. Although new features are coming up, speech 
transmission is still one of the most important applications. 
This contribution addresses frequently asked questions 
concerning speech quality of mobile phones. The analyses 
discussed in this contribution focus purely on the speech 
quality and the capability of today’s signal processing. All 
other aspects such as cost factors or different customer groups 
being addressed by a specific type of phone are disregarded. 
Extracted from a huge amount of data some implementation 
examples are analyzed. The paper discusses the typical range 
of single parameters. The intention of this paper is to provide 
useful information for manufacturers and operators for 
development and comparison. The analyses are based on the 
three latest phones on the market of 9 different competitive 
mobile manufacturers. 

1. Introduction 
At first the relevant speech quality parameters for mobile 
phones are discussed. Based on measured results from 
laboratory tests the performance of latest mobile phone 
implementations are compared, anonymously and objectively. 
Beside this parameter-based point of view, another intention is 
to compare different phones on an overall quality basis. A 
graphical quality representation is applied for this purpose. 
Due to the high interactivity of the implemented signal 
processing like equalizing, gain setting, echo cancellation and 
noise reduction, the variation and optimization of a single 
parameter often leads to undesired side effects and 
impairments. The overall quality representation for mobile 
phones gives an overview on how “balanced” an 
implementation can be designed and if it is possible to 
combine optimized single parameters in order to provide an 
optimum overall performance. All conversational aspects need 
to be compared in order to address these questions.   

2. Speech Quality Parameters 
The use of echo cancellation and its associated post processing 
and noise reduction can be regarded as “standard” in mobile 
phones. New algorithms for voice quality enhancement are 
ready for marketing [1].  
Objective measurement techniques need to provide a realistic 
scenario in order to measure the relevant speech quality 
parameters. Tests can be distinguished between quality tests 
that measure and describe the current status and diagnostic 
tests providing additional information on how to improve 
performance.  
 

A typical example are psycho-acoustically motivated 
measures like TOSQA2001 [2], [3]. This method leads to one-
dimensional TMOS results “describing” the current status of 
an implementation. Additional diagnostic tests are therefore 
necessary in order to find ways of improving performance.  
 
In general, the speech quality aspects can be subdivided in 
one-way transmission scenarios in uplink respectively 
downlink direction. In addition, conversational aspects cover 
more dynamic scenarios like echo measurements, double talk 
performance or the quality of background noise transmission.  
 
Especially the performance in the presence of background 
noise is very important, because this represents the typical use 
of mobile phones. Without being explicitly regulated in 
standardization it is commonly agreed that realistic non-
stationary background noise scenarios are necessary to be used 
in laboratory tests for this purpose. 

3. Receiving Direction – “Downlink” 
The laboratory test of mobile phones requires defined test 
conditions. In a first step the receiving loudness needs to be 
adjusted. Typical target value is a receiving loudness rating of 
2 ± 3 dB. Loudness ratings represent attenuation values, thus, 
higher values correspond to lower volumes. The associated 
loudness of the transmitted speech is sufficient for cases of 
“normal” use. From the user’s perspective a sufficient 
loudness of the phone under the typical ambient noise 
conditions is probably the first impression and therefore the 
first important parameter. An additional headroom for the 
playback volume is therefore definitely an advantage, 
especially in very noisy conditions. Figure 1 provides an 
overview of the receiving loudness rating measured at 
maximum volume.  

RLR

-8,0
-7,0
-6,0
-5,0
-4,0
-3,0
-2,0
-1,0
0,0
1,0
2,0
3,0
4,0
5,0
6,0
7,0
8,0

A1 A2 A3 B1 B2 B3 C1 C2 C3 D1 D2 D3 E1 E2 E3 F1 F2 F3 G1 G2 G3 H1 H2 H3 J1 J2 J3

 
Fig 1:  RLR at maximum volume (shadowed area: range of 

nominal RLR)  
 
The different manufacturers are made anonymous and 
represented by letters (“A”, “B”,…). The different phones of 
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each manufacturer are numbered. Example: B1 represents 
mobile no. 1 of manufacturer B. B1 is a 2G mobile, it is 
analyzed and compared to other 2G mobiles.  
 
During these tests the mobile phones are mounted to a head 
and torso simulator (HATS according to ITU-T 
Recommendation P.58 [4]) equipped with type 3.4 artificial 
ears (according ITU-T Recommendation P.57 [5]). An 
application force of 8 N is adjusted representing a typical case 
of use in telephone conversations [6]. Figure 1 summarizes the 
three latest phones currently on the market of 9 different 
mobile manufacturers. Both 2G and 3G terminals are jointly 
analyzed. Interestingly, only approximately one third of the 
mobiles provide a higher loudness at maximum playback 
volume than nominal. On the other hand, it needs to be 
considered that new algorithms for speech quality 
enhancement, especially in noisy environments can not only 
be assessed by this parameter. Appropriate analysis methods 
currently need to be developed and are under discussion.   
 
Another important parameter is the audible distortion caused 
by the speech coders. GSM full rate, enhanced full rate and 
AMR speech coders lead to audible differences. This can 
rather be regarded as a transmission channel related 
parameter, but –from the user’s perspective – cannot be 
separated from the quality of a mobile phone itself. 
Consequently, it needs to be considered during quality testing. 
An appropriate analysis algorithm is TOSQA2001.   
 
Figure 2 and 3 show these TMOS measurement results 
separately for 2G mobiles using the GSM full rate speech 
coder and 3G mobiles measured with AMR speech coder at 
12.2 kBit/s. The results are measured for 3 application forces 
of 2 N (light grey bars), 8 N (grey) and 13 N (black). The 
AMR speech coder at 12.2 kBit/s provides a higher listening 
speech quality compared to the GSM full rate coder. 
Nevertheless, the measured TMOS results tend to be lower for 
3G mobiles compared to 2G mobiles. The main influence is 
the acoustical design of the phones itself, especially the 
loudspeaker, the shape of the ear cap and the leakage 
sensitivity. 
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Fig 2: TMOS in downlink direction, 2G mobiles GSM FR  

(light grey: 2N; dark grey: 8N, black: 13 N)  
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Fig 3: TMOS in downlink direction, 3G mobiles AMR@12.2 

kbit/s (light grey: 2N; dark grey: 8N, black: 13N)  
 
Some mobile phones provide a very high listening speech 
quality score for all three application forces of 2, 8 and 13 N 
(mobiles B1, B2, G2 in figure 2, respectively G3 and J3 in 
figure 3). The listening speech quality of other devices is very 
sensitive on these test conditions (A2, F2, F3).     
The frequency response at the user’s ear is an essential 
parameter highly influencing listening speech quality. Up to a 
certain extent the human ear is tolerant against linear 
distortions – especially when not having the direct A/B 
comparison at one time. However, the very small and leakage 
sensitive transducers and the unavoidable acoustical leakage 
between the mobiles and the ear sometimes lead to extreme 
linear distortions.  
 
Figure 4 to 7 show some measurement results from the 
frequency response tests. The lowest curve was measured for 
the 2 N application force between the mobile and the artificial 
ear. The medium and upper curves represent the 8 N 
respectively 13 N test condition. The mobile designated as 
“F3” leads to very low listening speech quality scores as 
analyzed in figure 3 (see arrow). The measured frequency 
response shows a clear and distinct high pass. The lower 
frequencies are coupled into the artificial ear with a 
significantly lower energy. An attenuation of approximately 
25 up to 30 dB can be measured for frequencies below 
approximately 1200 Hz.  
 
The mobile designated as “G3” leads to a more balanced 
speech sound as indicated by the three curves in figure 5. The 
TMOS scores could be measured to 3.2 for 2 N, 3.3 for 8 N 
and 3.5 for 13 N application force. An application force 
dependent sensitivity can also be measured for this device, but 
the curves are well balanced. This can also be proven by “live 
calls” performed with each mobile after objective testing.  
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Fig 4: Mobile F3  

(3G mobile) 
Fig 5: Mobile G3  

(3G mobile) 
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Fig 6: Mobile H2  

(3G mobile) 
 

Fig 7: Mobile J3  
(3G mobile) 

 
Another implementation providing very low TMOS scores is 
analyzed in figure 6. The high pass characteristics are very 
distinct, the corresponding TMOS results are low for all three 
test conditions. The device designated as “J3” (figure 7) again 
provides more balanced characteristics and a TMOS value 
around 3.0.      

4. Sending Direction – “Uplink” 
The listening speech quality in sending direction is also 
influenced by non-linear codec distortions and linear 
distortions, typically introduced by the microphone and its 
position relative to the artificial mouth. Other parameters are 
the signal-to-noise ratio which itself is influenced by the idle 
noise, the codec noise and the sending loudness rating (SLR).  
The uplink listening speech quality differs between 3.2 TMOS 
and 3.8 TMOS for the GSM full rate speech coder (see figure 
8). 
 
Especially interesting is the combination of the measured SLR 
and the measured D-values. The D-value compares two 
characteristics of a mobile phone, the sensitivity on the direct 
sound and the sensitivity on the ambient room noise. 
Traditionally shaped handsets with “old fashion” size lead to 
microphone positions close to the user’s mouth. The 
sensitivity for the direct sound (the speech signal from the 
user’s mouth) was comparable to the sensitivity on the - 
typically diffuse - ambient noise. D-values around 0 dB could 
be expected. Small mobile phones move away the microphone 
position from the user’s mouth. Consequently the sensitivity 
on speech is lower compared to the sensitivity on the ambient 
noise. The D-value degrades due to the unsuitable microphone 
position for picking up the user’s voice. Additional 
components like directional microphones or additional signal 
processing like noise reduction are used in order to 
compensate this effect. A resulting D-value of 0 dB for a 
mobile phone indicates that this additional effort fully 
compensates the higher distance between the microphone and 
the user’s mouth.  
 
Figure 8 and 9 compare the TMOS results for the 2G mobiles 
over the GSM full rate speech coder and the sending loudness 
rating (SLR) respectively D-value (both combined in figure 
9). The recommended range for the sending loudness rating is 
8 dB ± 3 dB. Figure 10 and 11 show the same analysis for 3G 
mobiles. Most of the devices under test (2G and 3G mobiles) 
fulfill this requirement although, especially for latest 2G 
mobiles, extreme deviations leading to SLR values up to 
18 dB can be measured (see example B1 and B2 in figure 9).  
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Fig 8: TMOS in uplink direction, 2G mobiles GSM FR  
 
The recommended range for the D-value is indicated by the 
shadowed grey area in figure 9. None of the 2G mobiles meets 
this recommended range of ≥ 0 dB. These D values are 
determined using a realistic background noise scenario 
recorded in a student’s café. It is applied during the tests via 
an 8-loudspeaker arrangement in order to guarantee a diffuse 
sound field. The average level is adjusted to 63 dB (A) as it 
was measured in the original scenario.  
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Fig 9: SLR (black bars, left y-axis) and D-value (grey, right x-

axis), 2G mobiles GSM FR  
 
Figure 10, representing the latest 3G mobiles clearly points 
out that TMOS results up to 4.0 are achieved by latest 3G 
mobiles.  
 
Approximately 50 % of these 3G mobiles also meet the D-
value requirement as analyzed in figure 11. This is especially 
interesting for those mobiles which also fulfill the sending 
loudness rating requirement. Of course the D-value can also 
be influenced by an aggressive noise reduction. The two 
examples designated as “F3” and “J3” in figure 10 (TMOS) 
and figure 11 (SLR and D-value) fulfill these requirements. 
The TMOS result is equal to 4.0 in uplink direction, the SLR 
is in the recommended range of 8 dB ± 3 dB and the D-value 
is higher than 0 dB even for this realistic non-stationary 
scenario. It should be noted that live calls are always 
recommended to be conducted in order to double check if no 
additional artifacts occur which are not covered by these 
laboratory tests. Special care should be taken to verify the 
performance of speech transmission in the presence of 
background noise, because this is not covered by algorithms 
like TOSQA2001.  

SLR / dB D-value / dB 
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Fig 10: TMOS in uplink direction, 3G mobiles AMR@12.2 
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Fig 11: SLR (black bars, left y-axis) and D-value (grey, right 

x-axis), 3G mobiles AMR@12.2 kbit/s 
 
Figure 12 to 15 analyze the performance of the transmitted 
near end speech if the mobile phone is used in noisy condition. 
Again the noise recorded in the student’s café is applied. 
Simultaneously a near end signal is applied via the artificial 
head.  
The analysis of the transmitted signals is carried out in two 
steps: During a first measurement only the background noise 
is applied and analyzed as level vs. time. This curve represents 
a “reference”. It is given in each example in black. In a second 
step background noise and near end signal are applied and the 
measurement is repeated accordingly. Again the transmitted 
signal is analyzed as level vs. time. This curve is represented 
in dark grey for each implementation. In order to facilitate the 
analysis the near end signal applied at the artificial head is 
given in light grey. This signal is not analyzed; it is only used 
for an easier synchronization of the measured curves. 
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Fig 12: Low D-value, low  

S/N, mobile B1 (2G) 
Fig 13: Low D-value, low 

S/N, mobile B2 (2G) 
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Fig 14: High D-value, high 
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Fig 15: High D-value, high 

S/N, mobile J3 (3G)  
 
This analysis allows a comparison of the transmitted 
background noise only and together with a near end speech 
signal. As expected for all mobiles no significant differences 
occur in both test cases. This can be derived from the 
similarity of the black and the dark grey curve. For mobile B1 
and B2 (figure 12 and 13) slight differences in both curves can 
be detected in the pauses of the near end signal (see arrow in 
figure 13). The higher background noise signal level measured 
during the pauses of the near end signal indicates that the 
noise reduction is not active during the application of a near 
end signal. As shown by the arrow in figure 13 after a hang-
over time the noise adapts again on the noise. 
Moreover an estimation of a “signal-to-noise ratio” can be 
derived from this analysis by comparing the level of the 
transmitted near end speech (dark grey curve) and the level of 
the transmitted background noise (black curve). The mobiles 
analyzed in figure 12 and 13 show a low S/N which also 
correlates to the low D-values (see also figure 8). The high 
S/N for mobile F3 and J3 (figure 14 and 15) can also be 
compared to the high D-values given in figure 11. 

5. Conversation – Echo, Double Talk 
Performance and Quality of Background Noise 

Transmission 
The implemented signal processing, especially echo 
cancellation and echo suppression, leads to very high quality 
differences. The differences occur between mobiles from 
different manufacturers as well as for different mobiles from 
the same manufacturer. According to ITU-T Recommendation 
P.340 [8] double characterizations between “type 1” (full 
duplex capability) and “type 3” (not duplex capability) can be 
found. 
 
The test signal to measure the important level variation and 
modulation of the near end speech during a double talk 
sequence consists of a periodical repetition of two composite 
source signals. The uplink direction is measured and the level 
referred to the original test signal level applied via the 
artificial mouth. Thus, the resulting curve represents the 
sensitivity in uplink direction during a simulated double talk 
situation. Level variations introduced by echo suppression can 
directly be determined from the resulting curve. Figure 16 to 
19 show four examples of different mobiles. A transparent 
transmission of the near end signal during this simulated 
double talk situation is analyzed in figure 16. The near end 
signal bursts are completely transmitted without audible 
modulation. This would lead to a type 1 double talk 
characterization (full duplex capability) for this parameter.  
 

SLR / dB D-value / dB 
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The other examples shown in figure 17 and 18 indicate a 
partly attenuated signal in sending direction. This would lead 
to audible disturbances for the B subscriber. These implemen-
tations would be characterized as type 2A (figure 17 and 18) 
or type 3 (figure 19, “no duplex capability”). 
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Fig 16: E3, transparent Fig 17: F3, slight modulation 
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Fig 18: H2, slight modulation Fig 19: C3, chopped signals 
 
Another important quality parameter is the transmission of the 
background noise itself, especially if a downlink signal is 
applied at the same time. The analyses are carried out 
comparable to those evaluating the quality of the transmitted 
background noise together with a near end speech signal. The 
black curves in figure 20 to 23 indicate the level versus time 
of the transmitted background noise without the simultaneous 
application of a receive signal. The dark grey curve analyses 
the transmitted background noise during the application of a 
downlink signal as level versus time. Again, for comparison 
reasons the level versus time curve of the downlink signal is 
given in light grey. 
Some implementations demonstrate a transparent transmission 
of the ambient noise (and still suppressing the acoustical 
echo!), see examples J2 and A1 in figure 20 and 21. This can 
be derived from the similarity of the black and the dark grey 
curve during the application of a far end signal (indicated by 
the light grey curve).  
Other phones, like examples F2 and G3 (figure 22 and 23), 
insert up to 30 dB attenuation in the uplink path. This leads to 
a very annoying modulation at the far end and degrades the 
conversational quality. 
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Fig 20: “Transparent”, 

mobile J2 (3G) 
Fig 21: Slight modulation, 

mobile A1 (3G) 
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mobile F2 (2G) 
Fig 23: Chopped signals, 

mobile G3 (3G) 
 
 
What about the status of speakerphone implementations? 
Several mobiles also provide a speakerphone mode, which 
was tested for some of them.  
In speakerphone mode, due to relatively high playback 
volumes and small speakers, it is more difficult to achieve a 
good double talk performance. Additionally, the distance 
between loudspeaker and microphone is very short. This 
requires powerful and intelligent acoustic echo canceller and 
echo suppressions. Contrary to many manufacturer’s 
information, all tested speakerphone implementations achieve 
only a double talk type 3. Uplink signals were attenuated up 
to 30 dB (comparable to the result shown in figure 19). This 
behavior impairs not only double talk situations but also the 
transmission in noisy environments. 

6. Results Representation 
Figure 24 to 26 show a graphical overview of the quality 
performance according to ITU-T Recommendation P.505 [7] 
for 3 mobiles. This representation, best described as a 
“Quality Pie”, covers the most important conversational 
aspects tested, such as SLR, RLR, listening speech quality 
(TMOS), echo (TCLw), double talk performance and quality 
of background noise transmission.    
 

 
 

Fig 24: mobile D3 (2G) Fig 25: mobile H3 (2G) 

 
Fig. 26: mobile C3 (3G) “live 

call not ok” 

 
The “Quality Pie” provides a 
“quick and easy-to-read” 
characterization of the 
implementation under test. 
Moreover, this pie shows strong 
and weak points for the 
implementation and still provides 
detailed information for 
engineering and development. 
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Each pie slice represents a transmission performance pa-
rameter such as sending and receiving loudness rating, echo 
attenuation under single talk conditions, quality of background 
noise transmission or others. The size of each slice represents 
a measure for the quality of this parameter. Bigger slices 
indicate a better performance.  
The minimum requirement for a parameter is indicated by the 
inner grey circle. If the measured parameter falls below this 
line, the recommended requirement is not achieved and the pie 
slice turns red.  
 
Figure 24 and 25 show the quality pies for mobiles D3 and H3 
(both 2G). Mobile D3 (figure 24) shows a mainly balanced 
performance. The only weak points indicated by red slices are 
the low D-value and the slightly low TMOS value measured in 
downlink. An even lower D-value and TMOS (downlink) are 
measured for mobile H3 in figure 25. Additionally, H3 
provides no duplex capability and inserts high modulations of 
background noise during the application of a far end signal. 
 
Figure 26 shows the quality overview for a 3G mobile (C3). 
Here again, the D-value is low and a type 3 double talk 
implementation (no duplex capability) was measured (see 
figure 19). Additionally, the “live call” slice was set to “not 
ok”. This indicates that during the live call additional pro-
blems occurred which were not detected during the laboratory 
tests. 

7. Conclusions 
Significant quality differences can be measured for mobile 
phones currently on the market or ready for marketing. 
Although the analysis examples given in this contribution are 
parameter based in order to show the quality differences for 
single parameters, it can clearly be stated that the overall 
quality of mobiles differs significantly. 
 
A certain number of mobiles phones provide a good or very 
good speech quality, not only in terms of listening speech 
quality, but also under all conversational aspects. Another 
group of mobiles provides a sufficient quality, but 
degradations occur in objective laboratory tests and can also 
be easily verified in real live calls. A third group of mobiles 
shows a bad performance. The speech quality is significantly 
impaired so that customer complaints can be expected, if these 
mobiles are accepted for marketing. It is therefore especially 
important both for mobile manufacturers and for network 
providers to verify these impairments before these devices are 
released.  
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