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There is one hybrid-ARQ entity per terminal (and per component carrier in the case of carrier 
aggregation; see Figure 12.1). Spatial multiplexing, where two transport blocks can be transmitted in 
parallel on the same transport channel as described in Chapter 10, is supported by one hybrid-ARQ 
entity having two sets of hybrid-ARQ processes with independent hybrid-ARQ acknowledgements. 
The details for the physical-layer transmission of the downlink and uplink hybrid-ARQ acknowledge-
ments were described in Chapters 10 and 11.

Upon receiving a transport block for a certain hybrid-ARQ process, the receiver makes an attempt 
to decode the transport block and informs the transmitter about the outcome through a hybrid-ARQ 
acknowledgement, indicating whether the transport block was correctly decoded or not. The time 
from reception of data until transmission of the hybrid-ARQ acknowledgement is fixed, hence the 
transmitter knows from the timing relation which hybrid-ARQ process a received acknowledgement 
relates to. This is beneficial from an overhead perspective as there is no need to signal the process 
number along with the acknowledgement.

An important part of the hybrid-ARQ mechanism is the use of soft combining, which implies that the 
receiver combines the received signal from multiple transmission attempts. The principles of hybrid-ARQ 
with soft combining were outlined in Chapter 6, with incremental redundancy being the basic scheme in 
LTE. Clearly, the receiver needs to know when to perform soft combining prior to decoding and when to 
clear the soft buffer – that is, the receiver needs to differentiate between the reception of an initial trans-
mission (prior to which the soft buffer should be cleared) and the reception of a retransmission. Similarly, 
the transmitter must know whether to retransmit erroneously received data or to transmit new data. 
Therefore, an explicit new-data indicator is included for each of the one or two scheduled transport blocks 
along with other downlink scheduling information on the PDCCH. The new-data indicator is present in 
both downlink assignments and uplink grants, although the meaning is slightly different for the two.

For downlink data transmission, the new-data indicator is toggled for a new transport block – that 
is, it is essentially a single-bit sequence number. Upon reception of a downlink scheduling assign-
ment, the terminal checks the new-data indicator to determine whether the current transmission 
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FIGURE 12.2

Multiple parallel hybrid-ARQ processes forming one hybrid-ARQ entity.
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250 CHAPTER 12  Retransmission Protocols

should be soft combined with the received data currently in the soft buffer for the hybrid-ARQ proc-
ess in question, or if the soft buffer should be cleared.

For uplink data transmission, there is also a new-data indicator transmitted on the downlink 
PDCCH. In this case, toggling the new-data indicator requests transmission of a new transport block, 
otherwise the previous transport block for this hybrid-ARQ process should be retransmitted (in which 
case the eNodeB should perform soft combining).

The use of multiple parallel hybrid-ARQ processes operating in parallel can result in data being 
delivered from the hybrid-ARQ mechanism out of sequence. For example, transport block 5 in Figure 
12.2 was successfully decoded before transport block 1, which required two retransmissions. Out-of-
sequence delivery can also occur in the case of carrier aggregation, where transmission of a transport 
block on one component carrier could be successful while a retransmission is required on another 
component carrier. To handle out-of-sequence delivery from the hybrid-ARQ protocol, the RLC pro-
tocol includes an in-sequence-delivery mechanism, as described in Section 12.2.

Hybrid-ARQ protocols can be characterized as synchronous vs. asynchronous, related to the  
flexibility in the time domain, as well as adaptive vs. non-adaptive, related to the flexibility in the  
frequency domain:

l	 An asynchronous hybrid-ARQ protocol implies that retransmissions can occur at any time, 
whereas a synchronous protocol implies that retransmissions occur at a fixed time after the previ-
ous transmission (see Figure 12.3). The benefit of a synchronous protocol is that there is no need 
to explicitly signal the hybrid-ARQ process number as this information can be derived from the 
subframe number. On the other hand, an asynchronous protocol allows for more flexibility in the 
scheduling of retransmissions.

l	 An adaptive hybrid-ARQ protocol implies that the frequency location and possibly also the more 
detailed transmission format can be changed between retransmissions. A non-adaptive protocol, 
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FIGURE 12.3

Synchronous and asynchronous hybrid ARQ.
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25112.1  Hybrid ARQ with Soft Combining

in contrast, implies that the retransmission must occur at the same frequency resources and with 
the same transmission format as the initial transmission.

In the case of LTE, asynchronous adaptive hybrid ARQ is used for the downlink. For the uplink, syn-
chronous hybrid ARQ is used. Typically, the retransmissions are non-adaptive, but there is also the 
possibility to use adaptive retransmissions as a complement.

12.1.1  Downlink Hybrid ARQ
In the downlink, retransmissions are scheduled in the same way as new data – that is, they may occur 
at any time and at an arbitrary frequency location within the downlink cell bandwidth. Hence, the 
downlink hybrid-ARQ protocol is asynchronous and adaptive. The support for asynchronous and 
adaptive hybrid ARQ for the LTE downlink is motivated by the need to avoid collisions with, for 
example, transmission of system information and MBSFN subframes. Instead of dropping a retrans-
mission that otherwise would collide with MBSFN subframes or transmission of system information, 
the eNodeB can move the retransmission in time and/or frequency to avoid the overlap in resources.

Support for soft combining is, as described in the introduction, provided through an explicit new-
data indicator, toggled for each new transport block. In addition to the new-data indicator, hybrid-
ARQ-related downlink control signaling consists of the hybrid-ARQ process number (three bits for 
FDD, four bits for TDD) and the redundancy version (two bits), both explicitly signaled in the sched-
uling assignment for each downlink transmission.

Downlink spatial multiplexing implies, as already mentioned, transmission of two transport blocks 
in parallel on a component carrier. To provide the possibility to retransmit only one of the transport 
blocks, which is beneficial as error events for the two transport blocks can be fairly uncorrelated, each 
transport block has its own separate new-data indicator and redundancy-version indication. However, 
there is no need to signal the process number separately as each process consists of two subproc-
esses in the case of spatial multiplexing or, expressed differently, once the process number for the first 
transport block is known, the process number for the second transport block is given implicitly.

Transmissions on downlink component carriers are acknowledged independently. On each com-
ponent carrier, transport blocks are acknowledged by transmitting one or two bits on the uplink, as 
described in Chapter 11. In the absence of spatial multiplexing, there is only a single transport block 
within a TTI and consequently only a single acknowledgement bit is required in response. However, 
if the downlink transmission used spatial multiplexing, there are two transport blocks per TTI, each 
requiring its own hybrid-ARQ acknowledgement bit. The total number of bits required for hybrid-ARQ 
acknowledgements thus depends on the number of component carriers and the transmission mode for 
each of the component carriers. As each downlink component carrier is scheduled separately from its 
own PDCCH, the hybrid-ARQ process numbers are signaled independently for each component carrier.

Obviously, the terminal should not transmit a hybrid-ARQ acknowledgement in response to 
reception of system information, paging messages and other broadcast traffic. Hence, hybrid-ARQ 
acknowledgements are only sent in the uplink for “normal” unicast transmission.

12.1.2  Uplink Hybrid ARQ
Shifting the focus to the uplink, a difference compared to the downlink case is the use of synchro-
nous, non-adaptive operation as the basic principle of the hybrid-ARQ protocol, motivated by the 
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252 CHAPTER 12  Retransmission Protocols

lower overhead compared to an asynchronous, adaptive structure. Hence, uplink retransmissions 
always occur at an a priori known subframe; in the case of FDD operation uplink retransmissions 
occur eight subframes after the prior transmission attempt for the same hybrid-ARQ process. The 
set of resource blocks used for the retransmission on a component carrier is identical to the initial 
transmission. Thus, the only control signaling required in the downlink for a retransmission is a 
hybrid-ARQ acknowledgement, transmitted on the PHICH as described in Chapter 10. In the case of 
a negative acknowledgement on the PHICH, the data is retransmitted.

Spatial multiplexing is handled in the same way as in the downlink – two transport blocks transmit-
ted in parallel on the uplink, each with its own modulation-and-coding scheme and new-data indicator 
but sharing the same hybrid-ARQ process number. The two transport blocks are individually acknowl-
edged and hence two bits of information are needed in the downlink to acknowledge an uplink trans-
mission using spatial multiplexing. Uplink carrier aggregation is another example of a situation where 
multiple acknowledgements are needed – one or two acknowledgement bits per uplink component car-
rier. TDD is a third example, as will be discussed further below, where uplink transmissions in different 
subframes may need to be acknowledged in the same downlink subframe. Thus, multiple PHICHs may 
be needed as each PHICH is capable of transmitting a single bit only. Each of the PHICHs is transmit-
ted on the same downlink component carrier that was used to schedule the initial uplink transmission.

Despite the fact that the basic mode of operation for the uplink is synchronous, non-adaptive 
hybrid ARQ, there is also the possibility to operate the uplink hybrid ARQ in a synchronous, adap-
tive manner, where the resource-block set and modulation-and-coding scheme for the retransmissions 
is changed. Although non-adaptive retransmissions are typically used due to the very low overhead in 
terms of downlink control signaling, adaptive retransmissions are sometimes useful to avoid fragment-
ing the uplink frequency resource or to avoid collisions with random-access resources. This is illus-
trated in Figure 12.4. A terminal is scheduled for an initial transmission in subframe n; a transmission 
that is not correctly received and consequently a retransmission is required in subframe n  8 (assum-
ing FDD; for TDD the timing obviously depends on the downlink–uplink allocation, as discussed fur-
ther below). With non-adaptive hybrid ARQ, the retransmissions occupy the same part of the uplink 
spectrum as the initial transmission. Hence, in this example the spectrum is fragmented, which limits 
the bandwidth available to another terminal (unless the other terminal is capable of multi-cluster trans-
mission). In subframe n  16, an example of an adaptive retransmission is found; to make room for 
another terminal to be granted a large part of the uplink spectrum, the retransmission is moved in the 
frequency domain. It should be noted that the uplink hybrid-ARQ protocol is still synchronous – that 
is, a retransmission should always occur eight subframes after the previous transmission.
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FIGURE 12.4

Non-adaptive and adaptive hybrid-ARQ operation.
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25312.1  Hybrid ARQ with Soft Combining

The support for both adaptive and non-adaptive hybrid ARQ is realized by not flushing the trans-
mission buffer when receiving a positive hybrid-ARQ acknowledgement on PHICH for a given 
hybrid-ARQ process. Instead, the actual control of whether data should be retransmitted or not is 
done by the new-data indicator included in the uplink scheduling grant sent on the PDCCH. The 
new-data indicator is toggled for each new transport block. If the new-data indicator is toggled, the 
terminal flushes the transmission buffer and transmits a new data packet. However, if the new-data 
indicator does not request transmission of a new transport block, the previous transport block is 
retransmitted. Hence, clearing of the transmission buffer is not handled by the PHICH but by the 
PDCCH as part of the uplink grant. The negative hybrid-ARQ acknowledgement on the PHICH could 
instead be seen as a single-bit scheduling grant for retransmissions where the set of bits to transmit 
and all the resource information are known from the previous transmission attempt. In Figure 12.4 an 
example of postponing a transmission is seen in subframe n  24. The terminal has received a posi-
tive acknowledgement and therefore does not retransmit the data. However, the transmission buffer is 
not flushed, which later is exploited by an uplink grant requesting retransmission in subframe n  32.

A consequence of the above method of supporting both adaptive and non-adaptive hybrid ARQ is 
that the PHICH and PDCCH related to the same uplink subframe have the same timing. If this were 
not the case, the complexity would increase as the terminal would not know whether to obey the 
PHICH or wait for a PDCCH overriding the PHICH.

As explained earlier, the new-data indicator is explicitly transmitted in the uplink grant. However, 
unlike the downlink case, the redundancy version is not explicitly signaled for each retransmission. 
With a single-bit acknowledgement on the PHICH, this is not possible. Instead, as the uplink hybrid-
ARQ protocol is synchronous, the redundancy version follows a predefined pattern, starting with zero 
when the initial transmission is scheduled by the PDCCH. Whenever a retransmission is requested 
by a negative acknowledgement on the PHICH, the next redundancy version in the sequence is used. 
However, if a retransmission is explicitly scheduled by the PDCCH overriding the PHICH, there is 
the potential to affect the redundancy version to use. Grants for retransmissions use the same format 
as ordinary grants (for initial transmissions). One of the information fields in an uplink grant is, as 
described in Chapter 10, the modulation-and-coding scheme. Of the 32 different combinations this 
five-bit field can take, three of them are reserved. Those three combinations represent different redun-
dancy versions; hence, if one of these combinations is signaled as part of an uplink grant indicating 
a retransmission, the corresponding redundancy version is used for the transmission. The transport-
block size is already known from the initial transmission as it, by definition, cannot change between 
retransmission attempts. In Figure 12.4, the initial transmission in subframe n uses the first redun-
dancy version in sequence as the transport-block size must be indicated for the initial transmission. 
The retransmission in subframe n  8 uses the next redundancy version in the sequence, while the 
explicitly scheduled retransmission in subframe n  16 can use any redundancy scheme as indicated 
on the PDCCH.

Whether to exploit the possibility to signal an arbitrary redundancy version in a retransmission 
scheduled by the PDCCH is a trade-off between incremental-redundancy gain and robustness. From 
an incremental-redundancy perspective, changing the redundancy value between retransmissions is 
typically beneficial to fully exploit the gain from incremental redundancy. However, as the modulation- 
and-coding scheme is normally not indicated for uplink retransmissions, as either the single-bit 
PHICH is used or the modulation-and-coding field is used to explicitly indicate a new redundancy 
version, it is implicitly assumed that the terminal did not miss the initial scheduling grant. If this is 
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254 CHAPTER 12  Retransmission Protocols

the case, it is necessary to explicitly indicate the modulation-and-coding scheme, which also implies 
that the first redundancy version in the sequence is used.

In order to minimize the overhead and not introduce any additional signaling in the uplink 
grants, the PHICH that the terminal will expect the hybrid-ARQ acknowledgement upon is derived 
from the number of the first resource block upon which the corresponding uplink PUSCH transmis-
sion occurred. This principle is also compatible with semi-persistently scheduled transmission (see 
Chapter 13) as well as retransmissions. In addition, the resources used for a particular PHICH fur-
ther depend on the reference-signal phase rotation signaled as part of the uplink grant. In this way, 
multiple terminals scheduled on the same set of resources using multi-user MIMO will use different 
PHICH resources as their reference signals are assigned different phase rotations through the corre-
sponding field in the uplink grant. For spatial multiplexing, where two PHICH resources are needed, 
the second PHICH uses the same principle as the first, but to ensure that different PHICHs are used 
for the two transport blocks, the resource for the second PHICH is derived not from the first but from 
the second resource block upon which the PUSCH was transmitted.1

The above association is also used in the case of carrier aggregation. For the case when no cross-
carrier scheduling is used and each uplink component carrier is scheduled on its corresponding down-
link component carrier, this is straightforward and there is no risk of multiple uplink component carriers 
being associated with the same PHICH resource. With cross-carrier scheduling, on the other hand, 
transmissions on multiple uplink component carriers may need to be acknowledged on a single down-
link component carrier, as illustrated in Figure 12.5. Avoiding PHICH collisions in this case is up to the 
scheduler by ensuring that different reference-signal phase rotations or different resource-block start-
ing positions are used for the different uplink component carriers. For semi-persistent scheduling the  
reference-signal phase rotation is always set to zero, but since semi-persistent scheduling is supported 
on the primary component carrier only, there is no risk of collisions between component carriers.

In the case of multiple component carriers being used for the uplink data transmission in a subframe, 
there are one (in the absence of spatial multiplexing) or two (in the presence of spatial multiplexing) 

1 In essence, this implies that uplink spatial multiplexing must use at least two resource blocks in the frequency domain.
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FIGURE 12.5

PHICH association.
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25512.1  Hybrid ARQ with Soft Combining

PHICHs transmitted per uplink component carrier. As a general principle, LTE transmits the PHICH on 
the same component carrier that was used for the grant scheduling the corresponding uplink data trans-
mission. Not only is this principle general in the sense that it can handle symmetric as well as asymmet-
ric carrier aggregation scenarios, it is also beneficial from a terminal power consumption perspective as 
the terminal only need to monitor the component carriers it monitors for uplink scheduling grants (espe-
cially as the PDCCH may override the PHICH to support adaptive retransmissions as discussed above).

12.1.3  Hybrid-ARQ Timing
Clearly, the receiver must know to which hybrid-ARQ process a received acknowledgement is associ-
ated. This is handled by the timing of the hybrid-ARQ acknowledgement being used to associate the 
acknowledgement with a certain hybrid-ARQ process; the timing relation between the reception of 
data in the downlink and transmission of the hybrid-ARQ acknowledgement in the uplink (and vice 
versa) is fixed. From a latency perspective, the time between the reception of downlink data at the 
terminal and transmission of the hybrid-ARQ acknowledgement in the uplink should be as short as 
possible. At the same time, an unnecessarily short time would increase the demand on the terminal 
processing capacity and a trade-off between latency and implementation complexity is required. The 
situation is similar for uplink data transmissions. For LTE, this trade-off led to the decision to have 
eight hybrid-ARQ processes in both uplink and downlink for FDD. For TDD, the number of processes 
depends on the downlink–uplink allocation, as discussed below.

Starting with the FDD case, transmission of acknowledgements in the uplink in response to down-
link data transmission is illustrated in Figure 12.6. Downlink data on the DL-SCH is transmitted to 
the terminal in subframe n and received by the terminal, after the propagation delay Tp, in subframe n. 
The terminal attempts to decode the received signal, possibly after soft combining with a previous 
transmission attempt, and transmits the hybrid-ARQ acknowledgement in uplink subframe n    4 
(note that the start of an uplink subframe at the terminal is offset by TTA relative to the start of the cor-
responding downlink subframe at the terminal as a result of the timing-advance procedure described 
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FIGURE 12.6

Timing relation between downlink data in subframe n and uplink hybrid-ARQ acknowledgement in subframe 
n  4 for FDD.
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256 CHAPTER 12  Retransmission Protocols

in Section 11.5). Upon reception of the hybrid-ARQ acknowledgement, the eNodeB can, if needed, 
retransmit the downlink data in subframe n    8. Thus, eight hybrid-ARQ processes are used – 
that is, the hybrid-ARQ round-trip time is 8 ms.

The description in the previous paragraph, as well as the illustration in Figure 12.6, describe the 
timing for downlink data transmission – that is, data on DL-SCH and acknowledgements on PUCCH 
(or PUSCH). However, the timing of uplink data transmission – that is, data on PUSCH and acknowl-
edgements on PHICH – is identical, namely uplink data transmission in subframe n results in a 
PHICH transmission in subframe n  4. This is also the same timing relation as for uplink schedul-
ing grants in general (as described in Section 13.2.2) and allows a scheduling grant on the PDCCH to 
override the PHICH, as shown in Figure 12.4.

In Figure 12.6 it is seen that the processing time available to the terminal, TUE, depends on the 
value of the timing advance or, equivalently, on the terminal-to-base-station distance. As a terminal 
must operate at any distance up to the maximum size supported by the specifications, the terminal 
must be designed such that it can handle the worst-case scenario. LTE is designed to handle at least 
100 km, corresponding to a maximum timing advance of 0.67 ms. Hence, there is approximately 2.3 ms 
left for the terminal processing, which is considered a reasonable trade-off between the processing 
requirements imposed on a terminal and the associated delays.

For the eNodeB, the processing time available, denoted as TeNB, is 3 ms and thus of the same order 
as for the terminal. In the case of downlink data transmission, the eNodeB performs scheduling of 
any retransmissions during this time and, for uplink data transmission, the time is used for decoding 
of the received signal. The timing budget is thus similar for the terminal and the eNodeB, which is 
motivated by the fact that, although the eNodeB typically has more processing power than a terminal, 
it also has to serve multiple terminals and to perform the scheduling operation.

Having the same number of hybrid-ARQ processes in uplink and downlink is beneficial for half-
duplex FDD operation, discussed in Chapter 13. By proper scheduling, the uplink hybrid-ARQ trans-
mission from the terminal will coincide with transmission of uplink data and the acknowledgements 
related to the reception of uplink data will be transmitted in the same subframe as the downlink data. 
Thus, using the same number of hybrid-ARQ processes in uplink and downlink results in a 50:50 
split between transmission and reception for a half-duplex terminal.

Shifting to TDD operation, the time relation between the reception of data in a certain hybrid-ARQ 
process and the transmission of the hybrid-ARQ acknowledgement depends on the downlink–uplink 
allocation. Obviously, an uplink hybrid-ARQ acknowledgement can only be transmitted in an uplink 
subframe and a downlink acknowledgement only in a downlink subframe. The amount of processing 
time required in the terminal and the eNodeB remains the same though, as the same turbo decoders are 
used and the scheduling decisions are similar. Therefore, for TDD the acknowledgement of a transport 
block in subframe n is transmitted in subframe n 1 k, where k  4 and is selected such that n 1 k is 
an uplink subframe when the acknowledgement is to be transmitted from the terminal (on PUCCH or 
PUSCH) and a downlink subframe when the acknowledgement is transmitted from the eNodeB (on 
PHICH). The value of k depends on the downlink–uplink configuration, as shown in Table 12.1 for both 
downlink and uplink transmissions. From the table it is seen that, as a consequence of the downlink–
uplink configuration, the value of k is sometimes larger than the FDD value k  4. For example, assum-
ing configuration 2, an uplink transmission on PUSCH received in subframe 2 should be acknowledged 
on PHICH in subframe 2  6  8. Similarly, for the same configuration, downlink transmission on 
PDSCH in subframe 0 should be acknowledged on PUCCH (or PUSCH) in subframe 0  7  7.
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Table 12.1  Number of Hybrid-ARQ Processes and Acknowledgement Timing k for Different TDD Configurations

Configuration  
(DL:UL)

Downlink Uplink

Proc. PDSCH reception in subframe n Proc. PUSCH reception in subframe n

0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9

0 (2:3)   4     4     6 – – – 4 6 – – – 6 – – 4 7 6 – – 4 7 6

1 (3:2)   7     7     6 – – 4 7 6 – –   4 4 – – 4 6 – – – 4 6 –

2 (4:1) 10     7     6 – 4 8 7 6 – 4   8 2 – – 6 – – – – 6 – –

3 (7:3)   9     4 11 – – – 7 6 6 5   5 3 – – 6 6 6 – – – – –

4 (8:2) 12 12 11 – – 8 7 7 6 5   4 2 – – 6 6 – – – – – –

5 (9:1) 15 12 11 – 9 8 7 6 5 4 13 1 – – 6 – – – – – – –

6 (5:5)   6   7   7 – – – 7 7 – –   5 6 – – 4 6 6 – – 4 7 –
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258 CHAPTER 12  Retransmission Protocols

From the table it is also seen that the number of hybrid-ARQ processes used for TDD depends 
on the downlink–uplink configuration, implying that the hybrid-ARQ round-trip time is configura-
tion dependent for TDD (actually, it may even vary between subframes, as seen in Figure 12.7). For 
the downlink-heavy configurations 2, 3, 4, and 5, the number of downlink hybrid-ARQ processes is 
larger than for FDD. The reason is the limited number of uplink subframes available, resulting in 
k-values well beyond 4 for some subframes (Table 12.1).

The PHICH timing in TDD is identical to the timing when receiving an uplink grant, as described 
in Section 13.2.2. The reason is the same as in FDD, namely to allow a PDCCH uplink grant to over-
ride the PHICH in order to implement adaptive retransmissions, as illustrated in Figure 12.4.

The downlink–uplink allocation for TDD has implications on the number of transport blocks to 
acknowledge in a single subframe. For FDD, in the absence of carrier aggregation, there is always a 
one-to-one relation between uplink and downlink subframes. Hence, a subframe only needs to carry 
acknowledgements for one subframe in the other direction. For TDD, in contrast, there is not neces-
sarily a one-to-one relation between uplink and downlink subframes. This can be seen in the possible 
downlink–uplink allocations described in Chapter 9.

For uplink transmissions using UL-SCH, each uplink transport block is acknowledged individu-
ally by using the PHICH. Hence, in uplink-heavy asymmetries (downlink–uplink configuration 0), 
the terminal may need to receive two hybrid-ARQ acknowledgements in downlink subframes 0 and 
5 in the absence of uplink spatial multiplexing; for spatial multiplexing up to four acknowledgements 
per component carrier are needed. There are also some subframes where no PHICH will be transmit-
ted and therefore the amount of PHICH groups may vary between subframes for TDD.

For downlink transmissions, there are some configurations where DL-SCH receipt in multiple 
downlink subframes needs to be acknowledged in a single uplink subframe, as illustrated in Figure 12.7 
(the illustration corresponds to the two entries shown in bold in Table 12.1). Two different mechanisms 
to handle this are provided in TDD: multiplexing and bundling.
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FIGURE 12.7

Example of timing relation between downlink data and uplink hybrid-ARQ acknowledgement for TDD 
(configuration 2).
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Multiplexing implies that independent acknowledgements for each of the received transport 
blocks are fed back to the eNodeB. This allows independent retransmission of erroneous transport 
blocks. However, it also implies that multiple bits need to be transmitted from the terminal, which 
may limit the uplink coverage. This is the motivation for the bundling mechanism.

Bundling of acknowledgements implies that the outcome of the decoding of downlink transport 
blocks from multiple downlink subframes can be combined into a single hybrid-ARQ acknowledge-
ment transmitted in the uplink. Only if both of the downlink transmissions in subframes 0 and 3 in 
the example in Figure 12.7 are correctly decoded will a positive acknowledgement be transmitted in 
uplink subframe 7.

Combining acknowledgements related to multiple downlink transmissions into a single uplink 
message assumes that the terminal has not missed any of the scheduling assignments upon which the 
acknowledgement is based. Assume, as an example, that the eNodeB scheduled the terminal in two 
(subsequent) subframes, but the terminal missed the PDCCH transmission in the first of the two sub-
frames and successfully decoded the data transmitted in the second subframe. Obviously, without any 
additional mechanism, the terminal will transmit an acknowledgement based on the assumption that it 
was scheduled in the second subframe only, while the eNodeB will interpret acknowledgement as the 
terminal successfully received both transmissions. To avoid such errors, the downlink assignment index 
(see Section 10.4.4) in the scheduling assignment on the PDCCH is used. The downlink assignment 
index in essence informs the terminal about the number of transmissions it should base the combined 
acknowledgement upon. If there is a mismatch between the assignment index and the number of trans-
missions the terminal received, the terminal concludes at least one assignment was missed and trans-
mits no hybrid-ARQ acknowledgement, thereby avoiding acknowledging transmissions not received.

TDD is not the only example when transmissions in multiple downlink subframes must be 
acknowledged in a single uplink subframe. Carrier aggregation in FDD with different numbers of 
uplink and downlink component carriers2 in essence leads to the same problem. In LTE, there is at 
most one PUCCH and it is always transmitted on the primary component carrier. Hence, even for a 
symmetric carrier aggregation configuration, the possibility to transmit more than two hybrid-ARQ 
acknowledgement bits in the uplink must be supported. As discussed in Chapter 10, this is han-
dled either by resource selection or by using PUCCH format 3. Acknowledgements in response to 
UL-SCH reception are transmitted using multiple PHICHs, where the PHICH is transmitted on the 
same downlink component carrier as the uplink scheduling grant initiating the uplink transmission.

12.2  RADIO-LINK CONTROL
The radio-link control (RLC) protocol takes data in the form of RLC SDUs from PDCP and delivers 
them to the corresponding RLC entity in the receiver by using functionality in MAC and physical lay-
ers. The relation between RLC and MAC, including multiplexing of multiple logical channels into a sin-
gle transport channel, is illustrated in Figure 12.8. Multiplexing of several logical channels into a single 
transport channel is mainly used for priority handling, as described in Section 13.2 in conjunction with 
downlink and uplink scheduling.

2 In LTE release 10, the number of downlink component carriers is always at least as large as the number of uplink compo-
nent carriers (see Chapter 9).
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260 CHAPTER 12  Retransmission Protocols

There is one RLC entity per logical channel configured for a terminal, where each RLC entity is 
responsible for:

l	 segmentation, concatenation, and reassembly of RLC SDUs;
l	 RLC retransmission; and
l	 in-sequence delivery and duplicate detection for the corresponding logical channel.

Other noteworthy features of the RLC are: (1) the handling of varying PDU sizes; and (2) the pos-
sibility for close interaction between the hybrid-ARQ and RLC protocols. Finally, the fact that there 
is one RLC entity per logical channel and one hybrid-ARQ entity per component carrier implies that 
one RLC entity may interact with multiple hybrid-ARQ entities in the case of carrier aggregation.

12.2.1  Segmentation, Concatenation, and Reassembly of RLC SDUs
The purpose of the segmentation and concatenation mechanism is to generate RLC PDUs of appro-
priate size from the incoming RLC SDUs. One possibility would be to define a fixed PDU size, a size 
that would result in a compromise. If the size were too large, it would not be possible to support the 
lowest data rates. Also, excessive padding would be required in some scenarios. A single small PDU 
size, however, would result in a high overhead from the header included with each PDU. To avoid 
these drawbacks, which is especially important given the very large dynamic range of data rates sup-
ported by LTE, the RLC PDU size varies dynamically.

Segmentation and concatenation of RLC SDUs into RLC PDUs are illustrated in Figure 12.9. The 
header includes, among other fields, a sequence number, which is used by the reordering and retrans-
mission mechanisms. The reassembly function at the receiver side performs the reverse operation to 
reassemble the SDUs from the received PDUs.
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MAC and RLC structure (single-terminal view).
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12.2.2  RLC Retransmission
Retransmission of missing PDUs is one of the main functionalities of the RLC. Although most of 
the errors can be handled by the hybrid-ARQ protocol, there are, as discussed at the beginning of the 
chapter, benefits of having a second-level retransmission mechanism as a complement. By inspect-
ing the sequence numbers of the received PDUs, missing PDUs can be detected and a retransmission 
requested from the transmitting side.

Different services have different requirements; for some services (for example, transfer of a large 
file), error-free delivery of data is important, whereas for other applications (for example, streaming 
services), a small amount of missing packets is not a problem. The RLC can therefore operate in three 
different modes, depending on the requirements from the application:

l	 Transparent mode (TM), where the RLC is completely transparent and is essentially bypassed. No 
retransmissions, no segmentation/reassembly, and no in-sequence delivery take place. This con-
figuration is used for control-plane broadcast channels such as BCCH, CCCH, and PCCH, where 
the information should reach multiple users. The size of these messages are selected such that all 
intended terminals are reached with a high probability and hence there is neither need for segmen-
tation to handle varying channel conditions, nor retransmissions to provide error-free data trans-
mission. Furthermore, retransmissions are not possible for these channels as there is no possibility 
for the terminal to feed back status reports as no uplink has been established.

l	 Unacknowledged mode (UM) supports segmentation/reassembly and in-sequence delivery, but not 
retransmissions. This mode is used when error-free delivery is not required, for example voice-
over IP, or when retransmissions cannot be requested, for example broadcast transmissions on 
MTCH and MCCH using MBSFN.

l	 Acknowledged mode (AM) is the main mode of operation for TCP/IP packet data transmission on 
the DL-SCH. Segmentation/reassembly, in-sequence delivery, and retransmissions of erroneous 
data are all supported.

In the following, the acknowledged mode is described. The unacknowledged mode is similar, with the 
exception that no retransmissions are done and that each RLC entity is unidirectional.

In acknowledged mode, the RLC entity is bidirectional – that is, data may flow in both direc-
tions between the two peer entities. This is obviously needed as the reception of PDUs needs to be 
acknowledged back to the entity that transmitted those PDUs. Information about missing PDUs is 

RLC PDU

RLC SDU RLC SDU RLC SDU RLC SDU

n+3n+2n+1n

RLC header RLC header

FIGURE 12.9

Generation of RLC PDUs from RLC SDUs.
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provided by the receiving end to the transmitting end in the form of so-called status reports. Status 
reports can either be transmitted autonomously by the receiver or requested by the transmitter. To 
keep track of the PDUs in transit, the transmitter attaches an RLC header to each PDU, including, 
among other fields, a sequence number.

Both RLC entities maintain two windows, the transmission and reception windows respectively. 
Only PDUs in the transmission window are eligible for transmission; PDUs with sequence number 
below the start of the window have already been acknowledged by the receiving RLC. Similarly, the 
receiver only accepts PDUs with sequence numbers within the reception window. The receiver also 
discards any duplicate PDUs as each PDU should be assembled into an SDU only once.

12.2.3  In-Sequence Delivery
In-sequence delivery implies that data blocks are delivered by the receiver in the same order as they 
were transmitted. This is an essential part of RLC; the hybrid-ARQ processes operate independently 
and transport blocks may therefore be delivered out of sequence, as seen in Figure 12.2. In-sequence 
delivery implies that SDU n should be delivered prior to SDU n  1. This is an important aspect as 
several applications require the data to be received in the same order as it was transmitted. TCP can, 
to some extent, handle IP packets arriving out of sequence, although with some performance impact, 
while for some streaming applications in-sequence delivery is essential. The basic idea behind in-
sequence delivery is to store the received PDUs in a buffer until all PDUs with lower sequence 
number have been delivered. Only when all PDUs with lower sequence number have been used for 
assembling SDUs is the next PDU used. RLC retransmission, provided when operating in acknowl-
edged mode only, operates on the same buffer as the in-sequence delivery mechanism.

12.2.4  RLC Operation
The operation of the RLC with respect to retransmissions and in-sequence delivery is perhaps best 
understood by the simple example in Figure 12.10, where two RLC entities are illustrated, one in the 
transmitting node and one in the receiving node. When operating in acknowledged mode, as assumed 
below, each RLC entity has both transmitter and receiver functionality, but in this example only one 
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of the directions is discussed as the other direction is identical. In the example, PDUs numbered 
from n to n  4 are awaiting transmission in the transmission buffer. At time t0, PDUs with sequence 
number up to and including n have been transmitted and correctly received, but only PDUs up to 
and including n  1 have been acknowledged by the receiver. As seen in the figure, the transmission 
window starts from n, the first not-yet-acknowledged PDU, while the reception window starts from 
n  1, the next PDU expected to be received. Upon reception of PDU n, the PDU is forwarded to the 
SDU reassembly functionality for further processing.

The transmission of PDUs continues and, at time t1, PDUs n  1 and n  2 have been transmitted 
but, at the receiving end, only PDU n  2 has arrived. One reason for this could be that the missing 
PDU, n  1, is being retransmitted by the hybrid-ARQ protocol and therefore has not yet been deliv-
ered from the hybrid ARQ to the RLC. The transmission window remains unchanged compared to the 
previous figure, as none of the PDUs n and higher have been acknowledged by the receiver. Hence, 
any of these PDUs may need to be retransmitted as the transmitter is not aware of whether they have 
been received correctly or not. The reception window is not updated when PDU n  2 arrives. The 
reason is that PDU n  2 cannot be forwarded to SDU assembly as PDU n  1 is missing. Instead, 
the receiver waits for the missing PDU n  1. Clearly, waiting for the missing PDU for an infinite 
time would stall the queue. Hence, the receiver starts a timer, the reordering timer, for the missing 
PDU. If the PDU is not received before the timer expires, a retransmission is requested. Fortunately, 
in this example, the missing PDU arrives from the hybrid-ARQ protocol at time t2, before the timer 
expires. The reception window is advanced and the reordering timer is stopped as the missing PDU 
has arrived. PDUs n  1 and n  2 are delivered for reassembly into SDUs.

Duplicate detection is also the responsibility of the RLC, using the same sequence number as used 
for reordering. If PDU n  2 arrives again (and is within the reception window), despite it having 
already been received, it is discarded.

The example above illustrates the basic principle behind in-sequence delivery, which is supported 
by both acknowledged and unacknowledged modes. However, the acknowledged mode of operation 
also provides retransmission functionality. To illustrate the principles behind this, consider Figure 
12.11, which is a continuation of the example above. At time t3, PDUs up to n  5 have been trans-
mitted. Only PDU n  5 has arrived and PDUs n  3 and n  4 are missing. Similar to the case 
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above, this causes the reordering timer to start. However, in this example no PDUs arrive prior to the 
expiration of the timer. The expiration of the timer at time t4 triggers the receiver to send a control 
PDU containing a status report, indicating the missing PDUs, to its peer entity. Control PDUs have 
higher priority than data PDUs to avoid the status reports being unnecessarily delayed and negatively 
impact the retransmission delay. Upon reception of the status report at time t5, the transmitter knows 
that PDUs up to n  2 have been received correctly and the transmission window is advanced. The 
missing PDUs n  3 and n  4 are retransmitted and, this time, correctly received.

The retransmission was triggered by the reception of a status report in this example. However, 
as the hybrid-ARQ and RLC protocols are located in the same node, tight interaction between the 
two is possible. The hybrid-ARQ protocol at the transmitting end could therefore inform the RLC 
at the transmitting end in case the transport block(s) containing PDUs n  3 and n  4 have failed. 
The RLC can use this to trigger retransmission of missing PDUs without waiting for an explicit RLC  
status report, thereby reducing the delays associated with RLC retransmissions.

Finally, at time t6, all PDUs, including the retransmissions, have been delivered by the transmit-
ter and successfully received. As n  5 was the last PDU in the transmission buffer, the transmitter 
requests a status report from the receiver by setting a flag in the header of the last RLC data PDU. 
Upon reception of the PDU with the flag set, the receiver will respond by transmitting the requested 
status report, acknowledging all PDUs up to and including n  5. Reception of the status report by 
the transmitter causes all the PDUs to be declared as correctly received and the transmission window 
is advanced.

Status reports can, as mentioned earlier, be triggered for multiple reasons. However, to control 
the amount of status reports and to avoid flooding the return link with an excessive number of status 
reports, it is possible to use a status prohibit timer. With such a timer, status reports cannot be trans-
mitted more often than once per time interval as determined by the timer.

For the initial transmission, it is relatively straightforward to rely on a dynamic PDU size as a 
means to handle the varying data rates. However, the channel conditions and the amount of resources 
may also change between RLC retransmissions. To handle these variations, already transmitted PDUs 
can be (re)segmented for retransmissions. The reordering and retransmission mechanisms described 
above still apply; a PDU is assumed to be received when all the segments have been received. Status 
reports and retransmissions operate on individual segments; only the missing segment of a PDU 
needs to be retransmitted.
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Power Control, Scheduling, and 
Interference Handling 13

CHAPTER

This chapter deals with some radio-resource-management issues, including uplink power control, 
downlink and uplink scheduling, and different means for inter-cell interference coordination to handle/ 
avoid severe interference between different cells including cells of different layers in so-called  
heterogeneous network deployments.

13.1  UPLINK POWER CONTROL
Uplink power control for LTE is the set of algorithms and tools by which the transmit power for differ-
ent uplink physical channels and signals are controlled to ensure that they, if possible, are received at 
the cell site with appropriate power. This means that the transmission should be received with sufficient 
power to allow for proper demodulation of the corresponding information. At the same time, the trans-
mit power should not be unnecessarily high as that would cause unnecessary interference to other cells.1 
The transmit power will thus depend on the channel properties, including the channel attenuation and 
the noise and interference level at the receiver side. Furthermore, in the case of DL-SCH transmission 
on PDSCH, if the received power is too low one can either increase the transmit power or reduce the 
data rate by use of rate control. Thus, in this case there is an intimate relation between power control and 
rate control.

How to set the transmit power for random access will be discussed in Chapter 14. Here we will mainly 
discuss the power-control mechanism for the PUCCH and PUSCH physical channels. We will also briefly 
discuss the power setting for sounding reference signals. Uplink demodulation reference signals are always 
transmitted together and time-multiplexed with PUSCH or PUCCH. The demodulation reference signals 
are then transmitted with the same power as the corresponding physical channel. This is also true in the 
case of uplink spatial multiplexing if the reference signal power is defined as the total power of all demod-
ulation reference signals transmitted by the terminal. Expressed differently, the power of a single demodu-
lation reference signal is equal to the corresponding per-layer PDSCH power.

Fundamentally, LTE uplink power control is a combination of an open-loop mechanism, implying 
that the terminal transmit power depends on estimates of the downlink path loss, and a closed-loop 
mechanism, implying that the network can, in addition, directly adjust the terminal transmit power 
by means of explicit power-control commands transmitted on the downlink. In practice, these power-
control commands are determined based on prior network measurements of the received uplink 
power, thus the term “closed loop”.

1 In the case of uplink MU-MIMO there may also be interference to the cell itself.
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13.1.1  Uplink Power Control – Some Basic Rules
Before going into the details of the power control algorithms for PUSCH and PUCCH, some basic 
rules for the power assignment to different physical channels will be discussed. These rules mainly 
deal with the presence of different transmit-power limitations and how these limitations impact the 
transmit-power setting for different physical channels. This is especially of interest in the case of the 
simultaneous transmission of multiple physical channels from the same terminal, a situation that may 
occur for LTE release 10 and beyond:

l	 With LTE release 10 there is the possibility for carrier aggregation, implying that multiple 
PUSCH may be transmitted in parallel on different component carriers.

l	 With LTE release 10 there is also the possibility for simultaneous PUSCH/PUCCH transmission 
on the same or different component carriers.

In principle, each physical channel is separately and independently power controlled. However, in 
the case of multiple physical channels to be transmitted in parallel from the same terminal, the total 
power to be transmitted for all physical channels may, in some cases, exceed the maximum termi-
nal output power PTMAX corresponding to the terminal power class. As will be seen below, the basic 
strategy is then to first ensure that transmission of any L1/L2 control signaling is assigned the power 
assumed to be needed for reliable transmission. The remaining available power is then assigned to the 
remaining physical channels.

For each uplink component carrier configured for a terminal there is also an associated and explicitly 
configured maximum per-carrier transmit power PCMAX,c, which may be different for different com-
ponent carriers (indicated by the index c). Furthermore, although it obviously does not make sense for 
PCMAX,c to exceed the maximum terminal output power PTMAX, the sum of PCMAX,c for all configured 
component carriers may very well, and typically will, exceed PTMAX. The reason is that, in many cases, 
the terminal will not be scheduled for uplink transmission on all its configured component carriers and 
the terminal should also in that case be able to transmit with its maximum output power.

As will be seen in the next sections, the power control of each physical channel explicitly ensures 
that the total transmit power for a given component carrier does not exceed PCMAX,c for that carrier. 
However, the separate power-control algorithms do not ensure that the total transmit power for all 
component carriers to be transmitted by the terminal does not exceed the maximum terminal output 
power PTMAX. Rather, this is ensured by a subsequent power scaling applied to the physical channels 
to be transmitted. This power scaling is carried out in such a way that any L1/L2 control signaling has 
higher priority, compared to data (UL-SCH) transmission.

If PUCCH is to be transmitted in the subframe it is first assigned the power determined by its 
corresponding power-control algorithm, before any power is assigned to any PUSCH to be transmit-
ted in parallel PUCCH. This ensures that L1/L2 control signaling on PUCCH is assigned the power 
assumed to be needed for reliable transmission before any power is assigned for data transmission.

If PUCCH is not transmitted in the subframe but L1/L2 control signaling is multiplexed on to 
PUSCH, the PUSCH carrying the L1/L2 control signaling is first assigned the power determined by 
its corresponding power-control algorithm, before any power is assigned to any other PUSCH to be 
transmitted in parallel. Once again, this ensures that L1/L2 control signaling is assigned the power 
assumed to be needed before any power is assigned for other PUSCH transmissions only carrying 
UL-SCH. Note that, in the case of transmission of multiple PUSCH in parallel (carrier aggregation), 
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at most one PUSCH may include L1/L2 control signaling. Also, there cannot be PUCCH transmis-
sion and L1/L2 control signaling multiplexed on to PUSCH in the same subframe. Thus, there will 
never be any conflict between the above rules.

If the remaining available transmit power is not sufficient to fulfill the power requirements of any 
remaining PUSCH to be transmitted, the powers of these remaining physical channels, which only 
carry UL-SCH, are scaled so that the total power for all physical channels to be transmitted does not 
exceed the maximum terminal output power.

Overall, the PUSCH power scaling, including the priority for PUSCH with L1/L2 control signal-
ing, can thus be expressed as:

w P P Pc c
i

⋅∑ PUSCH TMAX PUCCH, ,

where PPUSCH,c is the transmit power for PUSCH on carrier c as determined by the power-control 
algorithm (before power scaling but including the per-carrier limitation PCMAX,c), PPUCCH is the trans-
mit power for PUCCH (which is zero if there is no PUCCH transmission in the subframe), and wc is 
the power-scaling factor for PUSCH on carrier c (wc  1). For any PUSCH carrying L1/L2 control 
signaling the scaling factor wc should be set to 1. For the remaining PUSCH, some scaling factors 
may be set to zero by decision of the terminal, in practice implying that the PUSCH, as well as the 
corresponding UL-SCH mapped to the PUSCH, are not transmitted. For the remaining PUSCH the 
scaling factors wc are set to the same value less than or equal to 1 to ensure that the above inequality 
is fulfilled. Thus, all PUSCH that are actually transmitted are power scaled by the same factor.

After this overview of some general rules for the power setting of different terminals, especially 
for the case of multiple physical channels transmitted in parallel from the same terminal, the power 
control carried out separately for each physical channel will be described in more detail.

13.1.2  Power Control for PUCCH
For PUCCH, the appropriate received power is simply the power needed to achieve a desired – that 
is, a sufficiently low – error rate in the decoding of the L1/L2 control information transmitted on the 
PUCCH. However, it is then important to bear the following in mind:

l	 In general, decoding performance is not determined by the received signal strength but rather 
by the received signal-to-interference-plus-noise ratio (SINR). What is an appropriate received 
power thus depends on the interference level at the receiver side, an interference level that may 
differ between different deployments and which may also vary in time as, for example, the load of 
the network varies.

l	 As described in Chapter 11, there are different PUCCH formats which are used to carry different types 
of uplink L1/L2 control information (hybrid-ARQ acknowledgements, scheduling requests, channel-
state reports, or combinations thereof). The different PUCCH formats thus carry different numbers 
of information bits per subframe and the information they carry may also have different error-rate 
requirements. The required received SINR may therefore differ between the different PUCCH formats,  
something that needs to be taken into account when setting the PUCCH transmit power in a given 
subframe.

(13.1)
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Overall, power-control for PUCCH can be described by the following expression:

P P P PLcPUCCH CMAX PUCCH DL Formatmin , ., ,0 ∆ δ{ }

In the expression above, PPUCCH is the PUCCH transmit power to use in a given subframe and PLDL 
is the downlink path loss as estimated by the terminal. The “min {PCMAX,c, …}” term ensures that the 
PUCCH transmit power as determined by the power control will not exceed the per-carrier maximum 
power PCMAX,c.

The parameter P0,PUCCH in expression (13.2) is a cell-specific parameter that is broadcast as part of 
the cell system information. Considering only the part P0,PUCCH  PLDL in the PUCCH power-control 
expression and assuming that the (estimated) downlink path loss accurately reflects the true uplink 
path loss, it is obvious that P0,PUCCH can be seen as the desired or target received power. As dis-
cussed earlier, the required received power will depend on the uplink noise/interference level. From 
this point of view, the value of P0,PUCCH should take the interference level into account and thus vary 
in time as the interference level varies. However, in practice it is not feasible to have P0,PUCCH vary-
ing with the instantaneous interference level. One simple reason is that the terminal does not read 
the system information continuously and thus the terminal would anyway not have access to a fully  
up-to-date P0,PUCCH value. Another reason is that the uplink path-loss estimates derived from down-
link measurements will anyway not be fully accurate, for example due to differences between the 
instantaneous downlink and uplink path loss, as well as due to measurement inaccuracies.

Thus, in practice, P0,PUCCH may reflect the average interference level, or perhaps only the rela-
tively constant noise level. More rapid interference variations can then be taken care of by closed-
loop power control, see below.

For the transmit power to reflect the typically different SINR requirements for different PUCCH 
formats, the PUCCH power-control expression includes the term ΔFormat, which adds a format-
dependent power offset to the transmit power. The power offsets are defined such that a baseline 
PUCCH format, more exactly the format corresponding to the transmission of a single hybrid-ARQ 
acknowledgement (format 1 with BPSK modulation, as described in Section 11.4.1.1), has an offset 
equal to 0 dB, while the offsets for the remaining formats can be explicitly configured by the network. 
For example, PUCCH format 1 with QPSK modulation, carrying two simultaneous acknowledge-
ments and used in the case of downlink spatial multiplexing, should have a power offset of roughly 
3 dB, reflecting the fact that twice as much power is needed to communicate two acknowledgements 
instead of just a single acknowledgement.

Finally, it is possible for the network to directly adjust the PUCCH transmit power by providing 
the terminal with explicit power-control commands that adjust the term δ in the power-control expres-
sion above. These power-control commands are accumulative – that is, each received power-control 
command increases or decreases the term δ by a certain amount. The power-control commands for 
PUCCH can be provided to the terminal by two different means:

l	 As mentioned in Section 10.4, a power-control command is included in each downlink schedul-
ing assignment – that is, the terminal receives a power-control command every time it is explicitly 
scheduled on the downlink. One reason for uplink PUCCH transmissions is the transmission of 
hybrid-ARQ acknowledgements as a response to downlink DL-SCH transmissions. Such down-
link transmissions are typically associated with downlink scheduling assignments on PDCCH and 

(13.2)
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26913.1  Uplink Power Control

the corresponding power-control commands could thus be used to adjust the PUCCH transmit 
power prior to the transmission of the hybrid-ARQ acknowledgements.

l	 Power-control commands can also be provided on a special PDCCH that simultaneously provides 
power-control commands to multiple terminals (PDCCH using DCI format 3/3A; see Section 
10.4.7). In practice, such power-control commands are then typically transmitted on a regular 
basis and can be used to adjust the PUCCH transmit power, for example prior to (periodic) uplink 
channel-state reports. They can also be used in the case of semi-persistent scheduling (see Section 
13.2.3), in which case there may be uplink transmission of both PUSCH (UL-SCH) and PUCCH 
(L1/L2 control) without any explicit scheduling assignments/grants.

The power-control command carried within the uplink scheduling grant consists of two bits, cor-
responding to the four different update steps 1, 0, 1, or 3 dB. The same is true for the power-
control command carried on the special PDCCH assigned for power control when this is configured 
to DCI format 3A. On the other hand, when the PDCCH is configured to use DCI format 3, each 
power-control command consists of a single bit, corresponding to the update steps 1 and 1 dB. 
In the latter case, twice as many terminals can be power controlled by a single PDCCH. One reason 
for including the possibility for 0 dB (no change of power) as one power-control step is that a power-
control command is included in every downlink scheduling assignment and it is desirable not to have 
to update the PUCCH transmit power for each assignment.

13.1.3  Power Control for PUSCH
Power-control for PUSCH transmission can be described by the following expression:

P P P P PL Mc cPUSCH CMAX PUCCH PUSCH DL MC, , ,min , log0 1010α ⋅ ⋅ ( ) ∆ SS δ{ },

where M indicates the instantaneous PUSCH bandwidth measured in number of resource blocks and 
the term ΔMCS is similar to the term ΔFormat in the expression for PUCCH power control – that is, it 
reflects the fact that different SINR is required for different modulation schemes and coding rates 
used for the PUSCH transmission.

The above expression is clearly similar to the power-control expression for PUCCH transmission, 
with some key differences:

l	 The use of “PCMAX,c    PPUCCH” reflects the fact that the transmit power available for PUSCH on 
a carrier is the maximum allowed per-carrier transmit power after power has been assigned to any 
PUCCH transmission on that carrier. This ensures priority of L1/L2 signaling on PUCCH over 
data transmission on PUSCH in the power assignment, as described in Section 13.1.1.

l	 The term 10 ? log10(M) reflects the fact that what is fundamentally controlled by the param-
eter P0,PUSCH is the power per resource block. For a larger resource assignment, a correspond-
ingly higher received power and thus a correspondingly higher transmit power is needed.2

(13.3)

2 One could also have included a corresponding term in the expression for PUCCH power control. However, as the PUCCH 
bandwidth always corresponds to one resource block, the term would always equal zero.
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270 CHAPTER 13  Power Control, Scheduling, and Interference Handling

l	 The parameter α, which can take a value smaller than or equal to 1, allows for so-called partial 
path-loss compensation, as described below.

In general, the parameters P0,PUSCH, α, and ΔMCS can be different for the different component car-
riers configured for a terminal.

In the case of PUSCH transmission, the explicit power-control commands controlling the term 
δ above are included in the uplink scheduling grants, rather than in the downlink scheduling assign-
ments. This makes sense as PUSCH transmissions are preceded by an uplink scheduling grant except 
for the case of semi-persistent scheduling. Similar to the power-control commands for PUCCH in 
the downlink scheduling assignment, the power-control commands for PUSCH are multi-level. 
Furthermore, also in the same way as for PUCCH power control, explicit power-control commands 
for PUSCH can be provided on the special PDCCH that simultaneously provides power-control com-
mands to multiple terminals. These power-control commands can, for example, be used for the case 
of PUSCH transmission using semi-persistent scheduling.

Assuming α equal to 1, also referred to as full path-loss compensation, the PUSCH power-control 
expression becomes very similar to the corresponding expression for PUCCH. Thus, the network can 
select a modulation-and-coding scheme (MCS) and the power-control mechanism, including the term 
ΔMCS, will ensure that the received SINR will match the SINR required for that modulation-and-coding 
scheme, assuming that the terminal transmit power does not reach its maximum value.

In the case of PUSCH transmission, it is also possible to “turn off” the ΔMCS function by setting 
all ΔMCS values to zero. In that case, the PUSCH received power will be matched to a certain MCS 
given by the selected value of P0,PUSCH.

With the parameter α less than 1, the PUSCH power control operates with so-called partial path-
loss compensation – that is, an increased path loss is not fully compensated for by a corresponding 
increase in the uplink transmit power. In that case, the received power, and thus the received SINR 
per resource block, will vary with the path loss and, consequently, the scheduled modulation-and-
coding scheme should vary accordingly. Clearly, in the case of fractional path-loss compensation, the 
ΔMCS function should be disabled. Otherwise, the terminal transmit power would be further reduced 
when the modulation-and-coding scheme is reduced to match the partial path-loss compensation.

Figure 13.1 illustrates the differences between full path-loss compensation (α    1) and partial 
path-loss compensation (α  1). As can be seen, with partial path-loss compensation, the terminal 
transmit power increases more slowly than the increase in path loss (left-hand figure) and, conse-
quently, the received power, and thus also the received SINR, is reduced as the path loss increases 
(right-hand figure). To compensate for this, the modulation-and-coding scheme – that is, the PUSCH 
data rate – should be reduced as the path loss increases.

The potential benefit of partial path-loss compensation is a relatively lower transmit power for 
terminals closer to the cell border, implying less interference to other cells. At the same time, this 
also leads to a reduced data rate for these terminals. It should also be noted that a similar effect can be 
achieved with full path-loss compensation by having the scheduled modulation-and-coding scheme 
depend on the estimated downlink path loss, which can be derived from the power headroom report, 
and rely on ΔMCS to reduce the relative terminal transmit power for terminals with higher path loss. 
However, an even better approach would then be to not only base the modulation-and-coding scheme 
selection on the path loss to the current cell, but also on the path loss to the neighboring interfered 
cells.
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13.1.4  Power Control for SRS
The SRS transmit power basically follows that of the PUSCH, compensating for the exact bandwidth 
of the SRS transmission and with an additional power offset. Thus, the power control for SRS trans-
mission can be described according to:

P P P PL M PcSRS CMAX PUSCH DL SRS SRSmin , log ,, ,0 1010α δ⋅ ⋅ ( ){ }

where the parameters P0,PUSCH, α, and δ are the same as for PUSCH power control, as discussed in 
Section 13.1.3. Furthermore, MSRS is the bandwidth, expressed as number of resource blocks, of the 
SRS transmission and PSRS is a configurable offset.

13.1.5  Power Headroom
To assist the scheduler in the selection of a combination of modulation-and-coding scheme and 
resource size M that does not lead to the terminal being power limited, the terminal can be configured 
to provide regular power headroom reports on its power usage (see also Section 13.2.2.2). According 
to Section 13.1.1 there is a separate transmit-power limitation for each component carrier. Thus, 
power headroom should be measured and reported separately for each component carrier.

There are two different types of power-headroom reports defined for LTE release 10, Type 1 and 
Type 2. Type 1 reporting reflects the power headroom assuming PUSCH-only transmission on the car-
rier, while the Type-2 report assumes combined PUSCH and PUCCH transmission.

The Type-1 power headroom valid for a certain subframe, assuming that the terminal was really 
scheduled for PUSCH transmission in that subframe, is given by the following expression:

Power Headroom CMAX PUSCH DL MCSP P PL Mc, , log0 1010α δ⋅ ⋅ ( )( ∆ )),

(13.4)

(13.5)
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FIGURE 13.1

Full vs. partial path-loss compensation. Solid curve: full compensation (α  1). Dashed 
curve: partial compensation (α  0.8 in this example).
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where the values for M and ΔMCS correspond to the resource assignment and modulation-and-coding 
scheme used in the subframe to which the power-headroom report corresponds. It can be noted that the 
power headroom is not a measure of the difference between the maximum per-carrier transmit power and 
the actual carrier transmit power. Rather, comparing with expression (13.3) it can be seen that the power 
headroom is a measure of the difference between PCMAX,c and the transmit power that would have been 
used assuming that there would have been no upper limit on the transmit power. Thus, the power head-
room can very well be negative. More exactly, a negative power headroom indicates that the per-carrier 
transmit power was limited by PCMAX,c at the time of the power headroom reporting. As the network 
knows what modulation-and-coding scheme and resource size the terminal used for transmission in the 
subframe to which the power-headroom report corresponds, it can determine what are the valid combina-
tions of modulation-and-coding scheme and resource size M, assuming that the downlink path loss PLDL 
and the term δ have not changed substantially.

Type-1 power headroom can also be reported for subframes where there is no actual PUSCH 
transmission. In such cases, 10 • log10(M) and ΔMCS in the expression above are set to zero:

Power Headroom CMAX PUSCH DLP P PLc, , .0 α δ⋅( )

This can be seen as the power headroom assuming a default transmission configuration cor-
responding to the minimum possible resource assignment (M  1) and the modulation-and-coding 
scheme associated with ΔMCS  0 dB.

Similarly, Type-2 power headroom reporting is defined as the difference between the maximum 
per-carrier transmit power and the sum of the PUSCH and PUCCH transmit power given by their 
corresponding power-control expressions (13.2) and (13.1) respectively, once again not taking into 
account any maximum per-carrier power when calculating the PUSCH and PUCCH transmit power.

Similar to Type-1 power headroom reporting, the Type-2 power headroom can also be reported 
for subframes in which no PUSCH and/or PUCCH is transmitted. In that case a virtual PUSCH and 
or PUCCH transmit power is calculated, assuming the smallest possible resource assignment (M  1) 
and ΔMCS  0 dB for PUSCH and ΔFormat  0 for PUCCH.

13.2  SCHEDULING AND RATE ADAPTATION
The purpose of the scheduler is to determine to/from which terminal(s) to transmit data and on which 
set of resource blocks. The scheduler is a key element and to a large degree determines the over-
all behavior of the system. The basic operation is so-called dynamic scheduling, where the eNodeB 
in each 1 ms TTI transmits scheduling information to the selected set of terminals, controlling the 
uplink and downlink transmission activity. The scheduling decisions are transmitted on the PDCCHs 
as described in Chapter 10. To reduce the control signaling overhead, there is also the possibility of 
semi-persistent scheduling. Semi-persistent scheduling will be described further in Section 13.2.3.

For carrier aggregation, each component carrier is independently scheduled with individual 
scheduling assignments/grants and one DL-SCH/UL-SCH per scheduled component carrier. Semi-
persistent scheduling is only supported on the primary component carriers, motivated by the fact that 
the main usage is for small payloads not requiring multiple component carriers.

The downlink scheduler is responsible for dynamically controlling the terminal(s) to transmit to 
and, for each of these terminals, the set of resource blocks upon which the terminal’s DL-SCH (or 

(13.6)
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DL-SCHs in the case of carrier aggregation) is transmitted. Transport-format selection (selection of 
transport-bock size, modulation-and-coding scheme, resource-block allocation, and antenna mapping) 
for each component carrier and logical channel multiplexing for downlink transmissions are control-
led by the eNodeB, as illustrated in the left part of Figure 13.2.

The uplink scheduler serves a similar purpose, namely to dynamically control which terminals are to 
transmit on their UL-SCH (or UL-SCHs in the case of carrier aggregation) and on which uplink resources. 
The uplink scheduler is in complete control of the transport format the terminal will use, whereas the  
logical-channel multiplexing is controlled by the terminal according to a set of rules. Thus, uplink schedul-
ing is per terminal and not per radio bearer. This is illustrated in the right part of Figure 13.2, where the 
scheduler controls the transport format and the terminal controls the logical-channel multiplexing.

In the following, dynamic downlink and uplink scheduling will be described, as well as related 
functionality such as uplink priority handling, scheduling request and buffer status reporting, semi-
persistent scheduling, half-duplex FDD operation, channel-state reporting, and DRX functionality.

13.2.1  Downlink Scheduling
The task of the downlink scheduler is to dynamically determine the terminal(s) to transmit to and, 
for each of these terminals, the set of resource blocks upon which the terminal’s DL-SCH should be 
transmitted. In most cases, a single terminal cannot use the full capacity of the cell, for example due 
to lack of data. Also, as the channel properties may vary in the frequency domain, it is useful to be 
able to transmit to different terminals on different parts of the spectrum. Therefore, multiple terminals 
can be scheduled in parallel in a subframe, in which case there is one DL-SCH per scheduled termi-
nal and component carrier, each dynamically mapped to a (unique) set of frequency resources.
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Transport-format selection in downlink (left) and uplink (right).
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The scheduler is in control of the instantaneous data rate used, and the RLC segmentation and 
MAC multiplexing will therefore be affected by the scheduling decision. Although formally part of 
the MAC layer but to some extent better viewed as a separate entity, the scheduler is thus controlling 
most of the functions in the eNodeB associated with downlink data transmission:

l	 RLC. Segmentation/concatenation of RLC SDUs is directly related to the instantaneous data rate. 
For low data rates, it may only be possible to deliver a part of an RLC SDU in a TTI, in which 
case segmentation is needed. Similarly, for high data rates, multiple RLC SDUs may need to be 
concatenated to form a sufficiently large transport block.

l	 MAC. Multiplexing of logical channels depends on the priorities between different streams. For 
example, radio resource control signaling, such as handover commands, typically has a higher pri-
ority than streaming data, which in turn has higher priority than a background file transfer. Thus, 
depending on the data rate and the amount of traffic of different priorities, the multiplexing of dif-
ferent logical channels is affected. Hybrid-ARQ retransmissions also need to be accounted for.

l	 L1. Coding, modulation and, if applicable, the number of transmission layers and the associated 
precoding matrix are obviously affected by the scheduling decision. The choices of these parame-
ters are mainly determined by the radio conditions and the selected data rate – that is, the transport 
block size.

The scheduling decision is communicated to each of the scheduled terminals through the down-
link L1/L2 control signaling as described in Chapter 10, using one PDCCH per downlink assignment.

Each terminal monitors a set of PDCCHs as described in Chapter 10 for downlink scheduling 
assignments. A scheduling assignment is transmitted in the same subframe as the data. If a valid 
assignment matching the identity of the terminal is found, then the terminal receives and proc-
esses the transmitted signal as indicated in the assignment. Once the transport block is successfully 
decoded, the terminal will demultiplex the received data into the appropriate logical channels.

In the case of carrier aggregation, there is one PDCCH per component carrier. Furthermore, if 
cross-carrier scheduling is configured (see Chapter 10), the downlink assignment does not have to be 
transmitted on the same component carrier as the associated data, as information about the compo-
nent carrier containing the associated data is included in the scheduling assignment in this case.

The scheduling strategy is implementation specific and not part of the 3GPP specifications. In 
principle, any of the schedulers described in Chapter 6 can be applied. However, the overall goal of 
most schedulers is to take advantage of the channel variations between terminals and preferably to 
schedule transmissions to a terminal when the channel conditions are advantageous. Most scheduling 
strategies therefore need information about:

l	 channel conditions at the terminal;
l	 buffer status and priorities of the different data flows;
l	 the interference situation in neighboring cells (if some form of interference coordination is 

implemented).

Information about the channel conditions at the terminal can be obtained in several ways. In prin-
ciple, the eNodeB can use any information available, but typically the channel-state reports from the 
terminal, further described in Section 13.2.5, are used. However, additional sources of channel knowl-
edge, for example exploiting channel reciprocity to estimate the downlink quality from uplink chan-
nel estimates in the case of TDD, can also be exploited by a particular scheduler implementation.
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In addition to the channel-state information, the scheduler should take buffer status and priority 
levels into account. Obviously it does not make sense to schedule a terminal with empty transmission 
buffers. Priorities of the different types of traffic may also vary; RRC signaling may be prioritized 
over user data. Furthermore, RLC and hybrid-ARQ retransmissions, which are in no way different 
from other types of data from a scheduler perspective, are typically also given priority over initial 
transmissions.

Downlink inter-cell interference coordination is also part of the implementation-specific scheduler 
strategy. A cell may signal to its neighboring cells the intention to transmit with a lower transmission 
power in the downlink on a set of resource blocks. This information can then be exploited by neigh-
boring cells as a region of low interference where it is advantageous to schedule terminals at the cell 
edge, terminals that otherwise could not attain high data rates due to the interference level. Inter-cell 
interference handling is further discussed in Section 13.3.

13.2.2  Uplink Scheduling
The basic function of the uplink scheduler is similar to its downlink counterpart, namely to dynami-
cally determine, for each 1 ms interval, which terminals are to transmit and on which uplink 
resources. As discussed before, the LTE uplink is primarily based on maintaining orthogonality 
between different uplink transmissions and the shared resource controlled by the eNodeB scheduler is 
time–frequency resource units. In addition to assigning the time–frequency resources to the terminal, 
the eNodeB scheduler is also responsible for controlling the transport format the terminal will use for 
each of the uplink component carriers. As the scheduler knows the transport format the terminal will 
use when it is transmitting, there is no need for outband control signaling from the terminal to the 
eNodeB. This is beneficial from a coverage perspective, taking into account that the cost per bit of 
transmitting outband control information can be significantly higher than the cost of data transmis-
sion, as the control signaling needs to be received with higher reliability. It also allows the scheduler 
to tightly control the uplink activity to maximize the resource usage compared to schemes where the 
terminal autonomously selects the data rate, as autonomous schemes typically require some margin in 
the scheduling decisions. A consequence of the scheduler being responsible for selection of the trans-
port format is that accurate and detailed knowledge about the terminal situation with respect to buffer 
status and power availability is more accentuated in LTE compared to systems where the terminal 
autonomously controls the transmission parameters.

The basis for uplink scheduling is scheduling grants, containing the scheduling decision and pro-
viding the terminal information about the resources and the associated transport format to use for 
transmission of the UL-SCH on one component carrier. Only if the terminal has a valid grant is it 
allowed to transmit on the corresponding UL-SCH; autonomous transmissions are not possible with-
out a corresponding grant. Dynamic grants are valid for one subframe – that is, for each subframe in 
which the terminal is to transmit on the UL-SCH, the scheduler issues a new grant. Uplink compo-
nent carriers are scheduled independently; if the terminal is to transmit simultaneously on multiple 
component carriers, multiple scheduling grants are needed.

The terminal monitors a set of PDCCHs as described in Chapter 10 for uplink scheduling grants. 
Upon detection of a valid uplink grant, the terminal will transmit its UL-SCH according to the infor-
mation in the grant. Obviously, the grant cannot relate to the same subframe it was received in as the 
uplink subframe has already started when the terminal has decoded the grant. The terminal also needs 
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some time to prepare the data to transmit. Therefore, a grant received in subframe n affects the uplink 
transmission in a later subframe.

For FDD, the grant timing is straightforward. An uplink grant received in a subframe n triggers an 
uplink transmission in subframe n  4, as illustrated in Figure 13.3. This is the same timing relation 
as used for uplink retransmission triggered by the PHICH, motivated by the possibility to override the 
PHICH by a dynamic scheduling grant, as described in Chapter 12.

For TDD, the situation is slightly more complicated as subframe n    4 may not be an uplink 
subframe. Hence, for TDD configurations 1–6 the timing relation is modified such that the uplink 
transmission occurs in subframe n  k, where k is the smallest value larger than or equal to 4 such 
that subframe n  k is an uplink subframe. This provides at least the same processing time for the 
terminal as in the FDD case while minimizing the delay from receipt of the uplink grant to the actual 
transmission. Note that this implies that the time between grant receipt and uplink transmission may 
differ between different subframes. Furthermore, for the downlink-heavy configurations 1–5, another 
property is that uplink scheduling grants can only be received in some of the downlink subframes.

For TDD configuration 0 there are more uplink subframes than downlink subframes, which calls for 
the possibility to schedule transmissions in multiple uplink subframes from a single downlink subframe. 
The same timing relation as for the other TDD configurations is used but with slight modifications. 
Recall from Chapter 10 that the grant transmitted in the downlink contains an uplink index consisting 
of two bits. For downlink–uplink configuration 0, the index field specifies which uplink subframe(s) a 
grant received in a downlink subframe applies to. For example, as illustrated in Figure 13.3, an uplink 
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Timing relation for uplink grants in FDD and TDD configurations 0 and 1.
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scheduling grant received in downlink subframe 0 applies to one or both of the uplink subframes  
4 and 7, depending on which of the bits in the uplink index are set.

Similarly to the downlink case, the uplink scheduler can exploit information about channel condi-
tions, buffer status, and priorities of the different data flows, and, if some form of interference coordina-
tion is employed, the interference situation in neighboring cells. Channel-dependent scheduling, which 
typically is used for the downlink, can be used for the uplink as well. In the uplink, estimates of the 
channel quality can be obtained from the use of uplink channel sounding, as described in Chapter 11. 
For scenarios where the overhead from channel sounding is too costly, or when the variations in the 
channel are too rapid to be tracked, for example at high terminal speeds, uplink diversity can be used 
instead. The use of frequency hopping as discussed in Chapter 11 is one example of obtaining diversity 
in the uplink.

Inter-cell interference coordination can be used in the uplink for similar reasons as in the down-
link by exchanging information between neighboring cells, as discussed in Section 13.3.

13.2.2.1  Uplink Priority Handling
Multiple logical channels of different priorities can be multiplexed into the same transport block 
using the same MAC multiplexing functionality as in the downlink (described in Chapter 8). 
However, unlike the downlink case, where the prioritization is under control of the scheduler and up 
to the implementation, the uplink multiplexing is done according to a set of well-defined rules in the 
terminal as a scheduling grant applies to a specific uplink carrier of a terminal, not to a specific radio 
bearer within the terminal. Using radio-bearer-specific scheduling grants would increase the control 
signaling overhead in the downlink and hence per-terminal scheduling is used in LTE.

The simplest multiplexing rule would be to serve logical channels in strict priority order. 
However, this may result in starvation of lower-priority channels; all resources would be given to the 
high-priority channel until its transmission buffer is empty. Typically, an operator would instead like 
to provide at least some throughput for low-priority services as well. Therefore, for each logical chan-
nel in an LTE terminal, a prioritized data rate is configured in addition to the priority value. The logi-
cal channels are then served in decreasing priority order up to their prioritized data rate, which avoids 
starvation as long as the scheduled data rate is at least as large as the sum of the prioritized data rates. 
Beyond the prioritized data rates, channels are served in strict priority order until the grant is fully 
exploited or the buffer is empty. This is illustrated in Figure 13.4.

13.2.2.2  Scheduling Requests and Buffer Status Reports
The scheduler needs knowledge about the amount of data awaiting transmission from the terminals to 
assign the proper amount of uplink resources. Obviously, there is no need to provide uplink resources 
to a terminal with no data to transmit as this would only result in the terminal performing padding to 
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Prioritization of two logical channels for three different uplink grants.
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fill up the granted resources. Hence, as a minimum, the scheduler needs to know whether the terminal 
has data to transmit and should be given a grant. This is known as a scheduling request.

A scheduling request is a simple flag, raised by the terminal to request uplink resources from the 
uplink scheduler. Since the terminal requesting resources by definition has no PUSCH resource, the 
scheduling request is transmitted on the PUCCH. Each terminal can be assigned a dedicated PUCCH 
scheduling request resource, occurring every nth subframe, as described in Chapter 11. With a dedi-
cated scheduling-request mechanism, there is no need to provide the identity of the terminal request-
ing to be scheduled as the identity of the terminal is implicitly known from the resources upon which 
the request is transmitted. When data with higher priority than already existing in the transmit buffers 
arrives at the terminal and the terminal has no grant and hence cannot transmit the data, the terminal 
transmits a scheduling request at the next possible instant, as illustrated in Figure 13.5. Upon recep-
tion of the request, the scheduler can assign a grant to the terminal. If the terminal does not receive 
a scheduling grant until the next possible scheduling-request instant, then the scheduling request is 
repeated. There is only a single scheduling-request bit, irrespective of the number of uplink compo-
nent carriers the terminal is capable of. In the case of carrier aggregation, the scheduling request is 
transmitted on the primary component carrier, in line with the general principle of PUCCH transmis-
sion on the primary component carrier only.

The use of a single bit for the scheduling request is motivated by the desire to keep the uplink over-
head small, as a multi-bit scheduling request would come at a higher cost. A consequence of the single-
bit scheduling request is the limited knowledge at the eNodeB about the buffer situation at the terminal 
when receiving such a request. Different scheduler implementations handle this differently. One pos-
sibility is to assign a small amount of resources to ensure that the terminal can exploit them efficiently 
without becoming power limited. Once the terminal has started to transmit on the UL-SCH, more 
detailed information about the buffer status and power headroom can be provided through the inband 
MAC control message, as discussed below. Knowledge of the service type may also be used – for exam-
ple, in the case of voice the uplink resource to grant is preferably the size of a typical voice-over-IP 
package. The scheduler may also exploit, for example, path-loss measurements used for mobility and 
handover decisions to estimate the amount of resources the terminal may efficiently utilize.

An alternative to a dedicated scheduling-request mechanism would be a contention-based design. 
In such a design, multiple terminals share a common resource and provide their identity as part of 
the request. This is similar to the design of the random access. The number of bits transmitted from 
a terminal as part of a request would in this case be larger, with the correspondingly larger need for 
resources. In contrast, the resources are shared by multiple users. Basically, contention-based designs 

Data arrives to terminal, 
triggers scheduling request

SR transmitted Grant received UL-SCH transmission

SR possibility

n

SR possibility
SR interval

n+4

SR interval
SR possibility

FIGURE 13.5

Scheduling-request transmission.
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are suitable for a situation where there are a large number of terminals in the cell and the traffic inten-
sity, and hence the scheduling intensity, is low. In situations with higher intensities, the collision rate 
between different terminals simultaneously requesting resources would be too high and lead to an 
inefficient design.

Although the scheduling-request design for LTE relies on dedicated resources, a terminal that has 
not been allocated such resources obviously cannot transmit a scheduling request. Instead, terminals 
without scheduling-request resources configured rely on the random-access mechanism described in 
Chapter 14. In principle, an LTE terminal can therefore be configured to rely on a contention-based 
mechanism if this is advantageous in a specific deployment.

Terminals that already have a valid grant obviously do not need to request uplink resources. 
However, to allow the scheduler to determine the amount of resources to grant to each terminal in 
future subframes, information about the buffer situation and the power availability is useful, as dis-
cussed above. This information is provided to the scheduler as part of the uplink transmission through 
MAC control elements (see Chapter 8 for a discussion on MAC control elements and the general 
structure of a MAC header). The LCID field in one of the MAC subheaders is set to a reserved value 
indicating the presence of a buffer status report, as illustrated in Figure 13.6.

From a scheduling perspective, buffer information for each logical channel is beneficial, although 
this could result in a significant overhead. Logical channels are therefore grouped into logical-channel 
groups and the reporting is done per group. The buffer-size field in a buffer-status report indicates the 
amount of data awaiting transmission across all logical channels in a logical-channel group. A buffer-
status report represents one or all four logical-channel groups and can be triggered for the following 
reasons:

l	 Arrival of data with higher priority than currently in the transmission buffer – that is, data in a 
logical-channel group with higher priority than the one currently being transmitted – as this may 
impact the scheduling decision.

l	 Change of serving cell, in which case a buffer-status report is useful to provide the new serving 
cell with information about the situation in the terminal.

l	 Periodically as controlled by a timer.

MAC header MAC ctrl MAC ctrl RLC PDU RLC PDU Padding

Logical channel index = buffer status report

Transport block (MAC PDU)

E LCID

Power HeadroomBuffer Sizesubheader subheader subheader

E LCID

Logical channel index = power headroom report

E LCID F L

FIGURE 13.6

Signaling of buffer status and power-headroom reports.
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l	 Instead of padding. If the amount of padding required to match the scheduled transport block size 
is larger than a buffer-status report, a buffer-status report is inserted. Clearly it is better to exploit 
the available payload for useful scheduling information instead of padding if possible.

In addition to buffer status, the amount of transmission power available in each terminal is also rel-
evant for the uplink scheduler. Obviously, there is little reason to schedule a higher data rate than the 
available transmission power can support. In the downlink, the available power is immediately known 
to the scheduler as the power amplifier is located in the same node as the scheduler. For the uplink, 
the power availability, or power headroom (as discussed in Section 13.1.5), is defined as the difference 
between the nominal maximum output power and the estimated output power for UL-SCH transmis-
sion. This quantity can be positive as well as negative (on a dB scale), where a negative value would 
indicate that the network has scheduled a higher data rate than the terminal can support given its current 
power availability. The power headroom depends on the power-control mechanism and thereby indi-
rectly on factors such as the interference in the system and the distance to the base stations.

Information about the power headroom is fed back from the terminals to the eNodeB in a simi-
lar way as the buffer-status reports – that is, only when the terminal is scheduled to transmit on 
the UL-SCH. Type-1 reports are provided for all component carriers simultaneously, while Type-2 
reports are provided for the primary component carrier only.

A power headroom report can be triggered for the following reasons:

l	 Periodically as controlled by a timer.
l	 Change in path loss, since the last power headroom report is larger than a (configurable) threshold.
l	 Instead of padding (for the same reason as buffer-status reports).

It is also possible to configure a prohibit timer to control the minimum time between two power-
headroom reports and thereby the signaling load on the uplink.

13.2.3  Semi-Persistent Scheduling
The basis for uplink and downlinks scheduling is dynamic scheduling, as described in Sections 13.2.1 and 
13.2.2. dynamic scheduling with a new scheduling decision taken in each subframe allows for full flex-
ibility in terms of the resources used and can handle large variations in the amount of data to transmit at 
the cost of the scheduling decision being sent on a PDCCH in each subframe. In many situations, the over-
head in terms of control signaling on the PDCCH is well motivated and relatively small compared to the 
payload on DL-SCH/UL-SCH. However, some services, most notably voice-over IP, are characterized by 
regularly occurring transmission of relatively small payloads. To reduce the control signaling overhead for 
those services, LTE provides semi-persistent scheduling in addition to dynamic scheduling.

With semi-persistent scheduling, the terminal is provided with the scheduling decision on the 
PDCCH, together with an indication that this applies to every nth subframe until further notice. 
Hence, control signaling is only used once and the overhead is reduced, as illustrated in Figure 13.7. 
The periodicity of semi-persistently scheduled transmissions – that is, the value of n – is configured 
by RRC signaling in advance, while activation (and deactivation) is done using the PDCCH using the 
semi-persistent C-RNTI.3 For example, for voice-over IP the scheduler can configure a periodicity 

3 Each terminal has two identities, the “normal” C-RNTI for dynamic scheduling and the semi-persistent C-RNTI for semi-
persistent scheduling.
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of 20 ms for semi-persistent scheduling and, once a talk spurt starts, the semi-persistent pattern is  
triggered by the PDCCH.

After enabling semi-persistent scheduling, the terminal continues to monitor the PDCCH for 
uplink and downlink scheduling commands. When a dynamic scheduling command is detected, it 
takes precedence over the semi-persistent scheduling in that particular subframe, which is useful if 
the semi-persistently allocated resources occasionally need to be increased. For example, for voice-
over IP in parallel with web browsing it may be useful to override the semi-persistent resource alloca-
tion with a larger transport block when downloading the web page.

For the downlink, only initial transmissions use semi-persistent scheduling. Retransmissions are 
explicitly scheduled using a PDCCH assignment. This follows directly from the use of an asynchro-
nous hybrid-ARQ protocol in the downlink. Uplink retransmissions, in contrast, can either follow the 
semi-persistently allocated subframes or be dynamically scheduled.

Semi-persistent scheduling is only supported on the primary component carrier and any trans-
mission on a secondary component carrier must be dynamically scheduled. This is reasonable as 
semi-persistent scheduling is intended for low-rate services for which a single component carrier is 
sufficient.

13.2.4  Scheduling for Half-Duplex FDD
Half-duplex FDD implies that a single terminal cannot receive and transmit at the same time while 
the eNodeB still operates in full duplex. In LTE, half-duplex FDD is implemented as a scheduler con-
straint, implying it is up to the scheduler to ensure that a single terminal is not scheduled simultane-
ous in uplink and downlink. Hence, from a terminal perspective, subframes are dynamically used for 
uplink or downlink. Briefly, the basic principle for half-duplex FDD is that a terminal is receiving in 
the downlink unless it has been explicitly instructed to transmit in the uplink (either UL-SCH trans-
mission or hybrid-ARQ acknowledgements triggered by a downlink transmission). The timing and 
structure for control signaling are identical between half- and-full duplex FDD terminals.

An alternative design approach would be to base half-duplex FDD on the TDD control signal-
ing structure and timing, with a semi-static configuration of subframes to either downlink or uplink. 
However, this would complicate supporting a mixture of half- and-full duplex terminals in the same 
cell as the timing of the control signaling would differ. It would also imply a waste of uplink spec-
trum resources. All terminals need to be able to receive subframes 0 and 5, as those subframes are 
used for system information and synchronization signals. Hence, if a fixed uplink–downlink alloca-
tion were to be used, no uplink transmissions could take place in those two subframes, resulting in a 

Periodicity

Periodicity configured 
by RRC

PDCCH PDCCH PDCCH

Start of persistent scheduling.
Resources indicated on PDCCH.

Persistently scheduled 
transmission.

Dynamically scheduled transmission, 
overriding persistent assignment.

Dynamically scheduled 
transmission

FIGURE 13.7

Example of semi-persistent scheduling.
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loss in uplink spectral efficiency of 20%. Clearly this is not attractive and led to the choice of imple-
menting half-duplex FDD as a scheduling strategy instead.

An example of half-duplex operation as seen from a terminal perspective is shown in Figure 13.8. 
In the leftmost part of the figure, the terminal is explicitly scheduled in the uplink and, consequently, 
cannot receive data in the downlink in the same subframe. The uplink transmission implies the receipt 
of an acknowledgement on the PHICH four subframes later, as mentioned in Chapter 12, and there-
fore the terminal cannot be scheduled in the uplink in this subframe. Similarly, when the terminal is 
scheduled to receive data in the downlink in subframe n, the corresponding hybrid-ARQ acknowl-
edgement needs to be transmitted in the uplink subframe n  4, preventing downlink reception in 
subframe n    4. The scheduler can exploit this by scheduling downlink data in four consecutive 
subframes and uplink transmission in the four next subframes when the terminal needs to transmit 
hybrid-ARQ acknowledgements in the uplink anyway, and so on. Hence, at most half of the time can 
be used in the downlink and half in the uplink or, in other words, the asymmetry in half-duplex FDD 
is 4:4. Efficient support of half-duplex FDD is one of the reasons why the same number of hybrid-
ARQ processes was selected in uplink and downlink.

Note that, as the eNodeB is operating in full duplex, regardless of the duplex capability of the 
terminals, the cell capacity is hardly affected by the presence of half-duplex terminals as, given a 
sufficient number of terminals with data to transmit/receive, the scheduler can with a high likelihood 
find a set of terminals to schedule in the uplink and another set to schedule in the downlink in a given 
subframe.

Similar to TDD, a half-duplex terminal needs some guard time for switching between uplink and 
downlink. For half-duplex FDD, guard time for the downlink-to-uplink switch is created by allowing 
the terminal to skip receipt of the last OFDM symbols in a downlink subframe immediately preceding 
an uplink subframe, as described in Chapter 9. Guard time for the uplink-to-downlink switch is han-
dled by setting the appropriate amount of timing advance in the terminals.

13.2.5  Channel-State Reporting
As mentioned several times, the possibility for downlink channel-dependent scheduling – that is, 
selecting the downlink transmission configuration and related parameters depending on the instan-
taneous downlink channel conditions – is a key feature of LTE. An important part of the support for 
downlink channel-dependent scheduling is channel-state reports provided by terminals to the net-
work, reports on which the latter can base its scheduling decisions.

DL

UL
ACK

Terminal scheduled in uplink 
cannot receive downlink in this subframe

ACK

Terminal monitors downlink

Hybrid-ARQ acknowledgement transmitted 
terminal cannot receive downlink in this subframe

Reception of downlink 
data and PHICH from 
earlier uplink activity

Transmission of uplink data 
and acknowledgements from 

earlier downlink activity

Guard time obtained by ignoring the last part of the DL subframe

FIGURE 13.8

Example of half-duplex FDD terminal operation.
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The channel-state reports consist of one or several pieces of information:

l	 Rank indication (RI), providing a recommendation on the transmission rank to use or, expressed 
differently, the number of layers that should preferably be used for downlink transmission to the 
terminal. RI only needs to be reported by terminals that are configured to be in one of the spatial-
multiplexing transmission modes. There is at most one RI reported, valid across the full band-
width – that is, the RI is frequency non-selective. Frequency-dependent transmission rank would 
be impossible to utilize since all layers are transmitted on the same set of resource blocks in LTE.

l	 Precoder matrix indication (PMI), indicating which of the precoder matrices (see Chapter 10) 
should preferably be used for the downlink transmission. The reported precoder matrix is deter-
mined assuming the number of layers indicated by the RI. The precoder recommendation may be 
frequency selective, implying that the terminal may recommend different precoders for different 
parts of the downlink spectrum. Furthermore, the network can restrict the set of matrices from 
which the terminal should select the recommended precoder, so-called codebook subset restric-
tion, to avoid reporting precoders that are not useful in the antenna setup used.

l	 Channel-quality indication (CQI), representing the highest modulation-and-coding scheme that, 
if used, would mean PDSCCH transmissions (using the recommended RI and PMI) were received 
with a block-error rate of at most 10%. The reason to use CQI as a feedback quantity instead of, 
for example, the signal-to-noise ratio, is to account for different receiver implementation in the 
terminal. Also, basing the feedback reports on CQI instead of signal-to-noise ratio also simpli-
fies the testing of terminals; a terminal delivering data with more than 10% block-error probabil-
ity when using the modulation-and-coding scheme indicated by the CQI would fail the test. As 
will be discussed further below, multiple CQI reports, each representing the channel quality in a  
certain part of the downlink spectrum, can be part of a channel-state report.

Together, a combination of the RI, PMI, and CQI forms a channel-state report. Exactly what is 
included in a channel-state report depends on the reporting mode the terminal is configured to be 
in. As mentioned earlier, RI and PMI do not need to be reported unless the terminal is in a spatial- 
multiplexing transmission mode. However, also given the transmission mode, there are different  
reporting modes that typically differ as to what set of resource blocks the report is valid for and 
whether precoding information is reported or not. The type of information useful to the network also 
depends on the particular implementation and antenna deployment.

Although referred to as channel-state reports, what a terminal delivers to the network are not explicit 
reports of the downlink channel state. Rather, what the terminal delivers are recommendations on the 
transmission rank and precoding matrix to use, together with an indication of the highest possible mod-
ulation-and-coding scheme that the network preferably should not exceed. Information about the actual 
modulation scheme and coding rate used for DL-SCH transmission as well as the set of resource blocks 
used for the transmission is always included in the downlink scheduling assignment. Hence, the eNodeB 
is free to follow the CSI report or to select transmission parameters on its own.

The modulation-and-coding scheme used for DL-SCH transmission can, and often will, differ 
from the reported CQI as the scheduler needs to account for additional information not available to 
the terminal when recommending a certain CQI. For example, the set of resource blocks used for the 
DL-SCH transmission also need to account for other users. Furthermore, the amount of data await-
ing transmission in the eNodeB also needs to be accounted for. Obviously, there is no need to select a 
very high data rate, even if the channel conditions would permit this, if there is only a small amount 
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of data to transmit and a sufficient number of resource blocks can be allocated to the terminal in 
question.

With regards to the precoder-related recommendations, the network has two choices:

l	 The network may follow the latest terminal recommendation, in which case the eNodeB only has 
to confirm (a one-bit indicator in the downlink scheduling assignment) that the precoder configu-
ration recommended by the terminal is used for the downlink transmission. On receiving such a 
confirmation, the terminal will use its recommended configuration when demodulating and decod-
ing the corresponding DL-SCH transmission. Since the PMI computed in the terminal can be fre-
quency selective, an eNodeB following the precoding matrix recommended by the terminal may 
have to apply different precoding matrices for different (sets of) resource blocks.

l	 The network may select a different precoder, information about which then needs to be explicitly 
included in the downlink scheduling assignment. The terminal then uses this configuration when 
demodulating and decoding the DL-SCH. To reduce the amount of downlink signaling, only a sin-
gle precoding matrix can be signaled in the scheduling assignment, implying that, if the network 
overrides the recommendation, then the precoding is frequency non-selective. The network may 
also choose to override the transmission rank only, in which case the terminal assumes that a sub-
set of the columns in each of the recommended precoder matrices is used.

There are two types of channel-state reports in LTE, aperiodic and periodic, which are different in 
terms of how a report is triggered:

l	 Aperiodic channel-state reports are delivered when explicitly requested by the network by means 
of the channel-state-request flag included in uplink scheduling grants (see Section 10.4.5). An 
aperiodic channel-state report is always delivered using the PUSCH – that is, on a dynamically 
assigned resource.

l	 Periodic channel-state reports are configured by the network to be delivered with a certain peri-
odicity, possibly as often as once every 2 ms, on a semi-statically configured PUCCH resource. 
However, similar to hybrid-ARQ acknowledgements normally delivered on PUCCH, channel-
state reports are “re-routed” to the PUSCH4 if the terminal has a valid uplink grant and is anyway 
to transmit on the PUSCH.

Aperiodic and periodic reports, despite both providing estimates on the channel conditions, are 
quite different in terms of their detailed contents and the usage. In general, aperiodic reports are 
larger and more detailed than their periodic counterparts. There are several reasons for this. First,  
the PUSCH, upon which the aperiodic report is transmitted, is capable of a larger payload, and hence 
a more detailed report, than the PUCCH used for the periodic reports. Furthermore, as aperiodic 
reports are transmitted on a per-need basis only, the overhead from these reports are less of an issue 
compared to periodic reports. Finally, if the network requests a report it is likely that it will transmit 
a large amount of data to the terminal, which makes the overhead from the report less of an issue 
compared to a periodic report that is transmitted irrespective of whether the terminal in question will 
be scheduled in the near future or not. Hence, as the structure and usage of aperiodic and periodic 
reports is different, they are described separately below, starting with aperiodic reports.

4 In release 10, a terminal can be configured for simultaneous PUSCH and PUCCH transmission, in which case the periodic 
channel-state reports can remain on the PUCCH.
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Three aperiodic reporting modes are supported in LTE, where each mode has several submodes 
depending on the configuration:

l	 Wideband reports, reflecting the average channel quality across the entire cell bandwidth with a 
single CQI value. Despite a single average CQI value being provided for the whole bandwidth, the 
PMI reporting is frequency selective. Frequency-selective reporting is obtained, for reporting pur-
poses only, by dividing the overall downlink bandwidth (of each component carrier) into a number 
of equally sized sub-bands, where each sub-band consists of a set of consecutive resource blocks. 
The size of a sub-band, ranging from four to eight resource blocks, depends on the cell band-
width. The PMI is then reported for each sub-band. For transmission modes supporting spatial 
multiplexing, the CQI and the PMI are calculated assuming the channel rank indicated by the RI, 
otherwise rank-1 is assumed. Wideband reports are smaller than their frequency-selective counter-
parts, but obviously do not provide any information about the frequency domain.

l	 UE-selected reports, where the terminal selects the best M sub-bands and reports, in addition to 
the indices of the selected sub-bands, one CQI reflecting the average channel quality over the 
selected M sub-bands together with one wideband CQI reflecting the channel quality across the 
full downlink carrier bandwidth. This type of report thus provides frequency-domain information 
about the channel conditions. The sub-band size, ranging from two to four resource blocks, and 
the value of M, ranging from 1 to 6, depends on the downlink carrier bandwidth. Depending on 
the transmission mode configured, the PMI and RI are also provided as part of this type of report.

l	 Configured reports, where the network configured the set of sub-bands the terminal should gener-
ate reports for. The terminal reports one wideband CQI reflecting the channel quality across the 
full downlink carrier bandwidth and one CQI per configured sub-band. The sub-band size depends 
on the downlink carrier bandwidth and is in the range of four to eight resource blocks. Depending 
on the transmission mode configured, the PMI and RI are also provided as part of this type of 
report.

The different aperiodic reporting modes are summarized in Table 13.1.
Periodic reports are configured by the network to be delivered with a certain periodicity. The lim-

ited, compared to PUSCH, payload supported on the PUCCH also implies that the different types of 
information in a periodic report may not be possible to transmit in a single subframe. Therefore, some 
of the reporting modes will transmit one or several of the wideband CQI, the wideband CQI includ-
ing PMI, the RI, and the CQI for the UE-selected sub-bands at different time points. Furthermore, the 
RI can typically be reported less often, compared to the reporting of PMI and CQI, reflecting the fact 
that the suitable number of layers typically varies on a slower basis, compared to the channel varia-
tions that impact the choice of precoder matrix and modulation rate, and coding scheme.

Two periodic reporting modes are supported in LTE, again with different submodes possible:

l	 Wideband reports, reflecting the average channel quality across the entire cell bandwidth with a 
single CQI value. If PMI reporting is enabled, a single PMI valid across the full bandwidth is 
reported.

l	 UE-selected reports. Although named in the same way as for aperiodic reports, the principle for 
UE-selected periodic reports is different. The total bandwidth (of a component carrier) is divided 
into one to four bandwidth parts, with the number of bandwidth parts obtained form the cell 
bandwidth. For each bandwidth part, the terminal selects the best sub-band within that part. The 
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Table 13.1  Possible Aperiodic Reporting Modes for Different Transmission Modes

Transmission Mode Reporting Mode

Wideband CQI Frequency-Selective CQI

UE-Selected Sub-Bands Conf. Sub-Bands

1-0: 1-1: 1-2: 2-0: 2-1: 2-2: 3-0: 3-1:
No PMI Wideband 

PMI
Selective 
PMI

No PMI Wideband 
PMI

Selective 
PMI

No PMI Wideband 
PMI

1 Single antenna, CRS • •

2 Transmit diversity • •

3 Open-loop spatial mux. • •

4 Closed-loop spatial mux. • • •

5 Multi-user MIMO •

6 Codebook-based beam-
forming

• • •

7 Single-layer trans., DM-RS • •

8 Dual-layer trans., DM-RS • • • • •

9 Multi-layer trans., DM-RS • • • • •
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sub-band size ranges from four to eight resource blocks. Since the supported payload size of the 
PUCCH is limited, the reporting cycles through the bandwidth parts and in one subframe report 
the wideband CQI and PMI (if enabled) for that bandwidth part, as well as the best sub-band and 
the CQI for that sub-band. The RI (if enabled) is reported in a separate subframe.

The different aperiodic reporting modes are summarized in Table 13.2. Note that all PMI report-
ing, if enabled, is of wideband type. There is no support for frequency-selective PMI in periodic 
reporting, as the amount of bits would result in a too large overhead.

A typical use of periodic and aperiodic reporting could be to configure lightweight periodic CSI 
reporting PUCCH, for example to provide feedback of the wideband CQI and no PMI information 
(mode 1-0). Upon arrival of data to transmit in the downlink to a specific terminal, aperiodic reports 
could be requested as needed, for example with frequency-selective CQI and PMI (mode 3-1).

Channel-state reports, irrespective of whether they are aperiodic or periodic, need a known refer-
ence signal as input to the CSI computation. The cell-specific reference signals can be used for this 
purpose, and is the only possibility in release 8/9, but in release 10 channel-state reports can also be 
based on the CSI-RS (see Chapter 10 for a discussion on CSI-RS). Which reference signal to base 
the channel-state reports upon is linked to the transmission mode. For transmission modes already 
supported in release 8/9, the cell-specific reference signals are used, while for transmission mode 9, 
introduced in release 10, the CSI-RS is used.

The discussion above also holds for carrier aggregation, although with some modifications and 
enhancements as channel-state reports for multiple downlink component carriers are needed.

For aperiodic reporting, the two-bit5 CSI request in the downlink control signaling allows for 
three different types of CSI reports to be requested (the fourth bit combination represents no CSI 
request). Of these three alternatives, one is used to trigger a CSI reports for the downlink component 
carrier associated with the uplink component carrier for which the scheduling grant relates to. The 
remaining alternatives point to one of two configurable combinations of component carriers for which 
the CSI report should be generated. Thus, as an example, for a terminal capable of two downlink 
component carriers, aperiodic reports can, with the proper configuration, be requested for the primary 
component carrier, the secondary component carrier, or both.

For periodic reporting, the basic principle in the case of carrier aggregation is to configure the 
reporting cycles such that the CSI reports for the different component carriers are not transmitted 
simultaneously.

13.2.6  Discontinuous Reception (DRX) and Component Carrier Deactivation
Packet-data traffic is often highly bursty, with occasional periods of transmission activity followed 
by longer periods of silence. Clearly, from a delay perspective, it is beneficial to monitor the down-
link control signaling in each subframe to receive uplink grants or downlink data transmissions and 
instantaneously react on changes in the traffic behavior. At the same time this comes at a cost in terms 
of power consumption at the terminal; the receiver circuitry in a typical terminal represents a non-
negligible amount of power consumption. To reduce the terminal power consumption, LTE includes 
mechanisms for discontinuous reception (DRX).

5 Recall from Chapter 10 that the CSI request field expanded from one to two bits in the case of carrier aggregation.
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Table 13.2  Possible Periodic Reporting Modes for Different Transmission Modes

Transmission Mode Reporting Mode

Wideband CQI Frequency-Selective CQI

UE-Selected Sub-Bands Conf. Sub-Bands

1-0: 1-1: 1-2: 2-0: 2-1: 2-2: 3-0: 3-1:
No PMI Wideband 

PMI
Selective 
PMI

No PMI Wideband 
PMI

Selective 
PMI

No PMI Wideband 
PMI

1 Single antenna, CRS • •

2 Transmit diversity • •

3 Open-loop spatial mux. • •

4 Closed-loop spatial mux. • •

5 Multi-user MIMO • •

6 Codebook-based beam-
forming

• •

7 Single-layer trans., DM-RS • •

8 Dual-layer trans., DM-RS • • • •

9 Multi-layer trans., DM-RS • • • •
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The basic mechanism for DRX is a configurable DRX cycle in the terminal. With a DRX cycle 
configured, the terminal monitors the downlink control signaling only in one subframe per DRX 
cycle, sleeping with the receiver circuitry switched off in the remaining subframes. This allows for a 
significant reduction in power consumption: the longer the cycle, the lower the power consumption. 
Naturally, this implies restrictions to the scheduler as the terminal can be addressed only in the active 
subframes.

In many situations, if the terminal has been scheduled and active with receiving or transmitting 
data in one subframe, it is highly likely it will be scheduled again in the near future. One reason 
could be that it was not possible to transmit all the data in the transmission buffer in one subframe 
and additional subframes are required. Waiting until the next active subframe according to the DRX 
cycle, although possible, would result in additional delays. Hence, to reduce the delays, the terminal 
remains in the active state for a certain configurable time after being scheduled. This is implemented 
by the terminal (re)starting an inactivity timer every time it is scheduled and remaining awake until 
the time expires, as illustrated at the top of Figure 13.9.

Retransmissions take place regardless of the DRX cycle. Thus, the terminal receives and transmits 
hybrid-ARQ acknowledgements as normal in response to data transmission. In the uplink, this also 
includes retransmissions in the subframes given by the synchronous hybrid-ARQ timing relation. In 
the downlink, where asynchronous hybrid ARQ is used, the retransmission time is not fixed in the 
specifications. To handle this, the terminal monitors the downlink for retransmissions in a configura-
ble time window after the previous transmission.

The above mechanism, a (long) DRX cycle in combination with the terminal remaining awake 
for some period after being scheduled, is sufficient for most scenarios. However, some services, most 
notably voice-over IP, are characterized by periods of regular transmission, followed by periods of no 
or very little activity. To handle these services, a second short DRX cycle can optionally be used in 
addition to the long cycle described above. Normally, the terminal follows the long DRX cycle, but 
if it has recently been scheduled, it follows a shorter DRX cycle for some time. Handling voice-over 
IP in this scenario can be done by setting the short DRX cycle to 20 ms, as the voice codec typically 
delivers a voice-over-IP packet per 20 ms. The long DRX cycle is then used to handle longer periods 
of silence between talk spurts.

The DRX mechanism described above is common to all component carriers configured in the 
terminal. Hence, if the terminal is in DRX it is not receiving on any component carrier, but when 
it wakes up, all (activated) component carriers will be woken up. Although discontinuous reception 
greatly reduces the terminal power consumption, it is possible to go one step further in the case of 

Long DRX cycle Long DRX cycleLong DRX cycle

Short DRX cycle Short DRX cycle

Activity timer expires(Re)start activity timer

subframe

FIGURE 13.9

Illustration of DRX operation.
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carrier aggregation. Obviously, from a power-consumption perspective, it is beneficial to receive on 
as few component carriers as possible. LTE therefore supports deactivation of downlink component 
carriers. A deactivated component carrier maintains the configuration provided by RRC but cannot 
be used for reception, neither PDCCH nor PDSCH. When the need arises, a downlink component 
carrier can be activated rapidly and used for reception within a few subframes. A typical use would 
be to configure several component carriers but deactivate all component carriers except the primary 
one. When a data burst starts, the network could activate several component carriers to maximize 
the downlink data rate. Once the data burst is delivered, the component carriers could be deactivated 
again to reduce terminal power consumption.

Activation and deactivation of downlink component carriers are done through MAC control ele-
ments. A command to activate a component carrier takes effect eight subframes after receipt – that is, 
if the MAC control element is received in subframe n, then the additional component carriers are acti-
vated starting from subframe n  8. There is also a timer-based mechanism for deactivation such that 
a terminal may, after a configurable time with no activity on a certain component carrier, deactivate 
that component carrier. The primary component carrier is always active as it must be possible for the 
network to communicate with the terminal.

In the uplink there is no explicit activation of uplink component carriers. However, whenever a 
downlink component carrier is activated or deactivated, the corresponding uplink component carrier 
is also activated or deactivated.

13.3  INTER-CELL INTERFERENCE COORDINATION
Like all modern mobile-communication technologies, LTE can be deployed with one-cell frequency 
reuse. Fundamentally, this implies that the LTE transmission structure has been designed so that reli-
able transmission is also possible for the low signal-to-interference ratios (SIR) that may occur in a 
reuse-one deployment when the same time–frequency resource issued in neighboring cells (SIR as 
low as 5 dB or even somewhat lower in the worst case6). This is especially true for transmission of 
critical information such as system information and L1/L2 control signaling. It should be noted that 
data transmission on DL-SCH can always be made sufficiently reliable by selecting a sufficiently low 
instantaneous data rate in combination with hybrid-ARQ retransmissions.

Still, a one-cell frequency reuse typically implies relatively large SIR variations over the cell area. 
As a consequence, the data rates that can be offered to the end-user may also vary substantially, with 
only relatively low data rates being available at the “cell edge”.

If one was only interested in maximizing the data rates that could be offered to users at the cell 
edge – that is, maximizing the “worst-case-user” quality – a reuse larger than one could actually be 
preferred. For cell-edge users receiving high interference from neighboring cells, the negative impact 
of reduced bandwidth availability due to frequency reuse larger than one could be more than com-
pensated for by the higher SIR and corresponding higher achievable data rate per MHz, leading to 
overall higher achievable data rates. However, the overall system efficiency would be degraded as the 

6 This assumes a relatively homogeneous deployment. In heterogeneous network deployments with large differences in the 
cell output powers, the SIR could be even lower and special means may need to be taken to ensure reliable transmission, as 
discussed in Section 13.4.
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majority of users are not at the cell edge and thus have a relatively good SIR even with one-cell reuse. 
For such users, any further SIR improvement due to larger reuse would typically not be able to com-
pensate for the reduced bandwidth availability for at least two reasons:

l	 The relative interference reduction and corresponding increase in SIR would not be as large as for 
users on the cell edge.

l	 The achievable data rates do not vary linearly with the SIR and, especially for high SIR, a further 
SIR improvement may give a relatively small increase in achievable data rate per MHz, as was 
discussed in Chapter 2.

Furthermore, the assumption of low SIR at the cell edge in the case of one-cell reuse is based 
on the assumption that there really are transmissions ongoing in the neighboring cells. There are 
always time instances when there is no or at least limited transmission ongoing in a cell, especially at 
low-load conditions. The cell-edge SIR may then be relatively good even with a one-cell reuse and a 
higher reuse with a corresponding reduction in the bandwidth available per cell would not be benefi-
cial even from a cell-edge-user point of view.

Thus, the basic mode of operation should be one-cell reuse, giving each cell access to the over-
all available spectrum. However, system performance, and especially the quality for cell-edge users, 
could be further enhanced if one could at least partly coordinate the scheduling between neighboring 
cells. The basic principle of such inter-cell interference coordination (ICIC) would be to, if possible, 
avoid high-power transmission on time–frequency resources on which cell-edge users are scheduled 
in neighboring cells, users that would otherwise experience high interference and correspondingly 
low data rates. This kind of “selective” interference avoidance would benefit the cell-edge-user qual-
ity and could also enhance overall system performance.

The above discussion implicitly assumed downlink transmission with terminals at the cell edge 
being interfered by downlink transmissions from other cells. The concept of inter-cell interference 
coordination is equally applicable to the uplink, although the interference situation in this case is 
somewhat different.

For the uplink, the interference level experienced by a certain link does not depend on where the 
transmitting terminal is located, but rather on the location of the interfering terminals, with interfer-
ing terminals closer to the cell border causing more interference to neighboring cells. The location 
of the transmitting terminal is still important though, as a terminal closer to the cell site can raise its 
transmission power to compensate for high interference coming from terminals in neighboring cells, 
something that may not be possible for cell-edge terminals. Thus, the fundamental goal of uplink 
inter-cell interference is the same as for the downlink – that is, to coordinate the, in this case, uplink 
scheduling between cells to avoid simultaneous transmissions from terminals at the cell border in 
neighboring cells causing severe interference to each other.

In the case of scheduling located at a higher-level node above the eNodeB, coordinated scheduling 
between cells of different eNodeB would, at least conceptually, be straightforward. However, in LTE 
there is no higher-level node and scheduling is carried out locally at the eNodeB – that is, in practice 
at the cell site.7 Thus, the best that can be done in the radio-access specifications is to introduce mes-
sages that convey information about the scheduling strategy between neighboring eNodeBs using the 

7 As discussed below, in case of so-called centralized RAN (C-RAN) this may change somewhat.

Petitioners' Exhibit 1003, p. 1243 
AT&T et al v. ASUS Technology & Celerity 

IPR2024-01142



292 CHAPTER 13  Power Control, Scheduling, and Interference Handling

X2 interface. An eNodeB can then use the information provided by a neighboring eNodeB as input to 
its own scheduling process. For LTE, a number of such ICIC-related X2 messages have been defined.

To assist uplink interference coordination, two messages are defined, the High Interference 
Indicator (HII) and the Overload Indicator (OI), see also Figure 13.10.

The High Interference Indicator provides information about the set of resource blocks within 
which an eNodeB is likely to schedule transmissions from cell-edge terminals – that is, resource 
blocks on which a neighboring cell can expect higher interference. Although nothing is explicitly 
specified on how an eNodeB should react to the HII (or any other ICIC-related X2 signaling) received 
from a neighboring eNodeB, a reasonable action for the receiving eNodeB would be to try to avoid 
scheduling its own cell-edge terminals on the same resource blocks, thereby reducing the uplink 
interference to cell-edge transmissions in its own cell as well as in the cell from which the HII was 
received. The HII can thus be seen as a proactive tool for ICIC, trying to prevent the occurrence of 
too-low-SIR situations.

In contrast to the HII, the Overload Indicator (OL) is a reactive ICIC tool, essentially indicat-
ing, at three levels (Low/Medium/High), the uplink interference experienced by a cell on its different 
resource blocks. A neighboring eNodeB receiving the OI could then change its scheduling behavior 
to improve the interference situation for the eNodeB issuing the OI.

For the downlink, the Relative Narrowband Transmit Power (RNTP) is defined to support ICIC 
operation (see Figure 13.11). The RNTP is similar to the HII in the sense that it provides information, 
for each resource block, whether or not the relative transmit power of that resource block is to exceed 
a certain level. Similar to the HII, a neighboring cell can use the information provided by the received 
RNTP when scheduling its own terminals, especially terminals on the cell edge that are more likely to 
be interfered by the neighboring cell.

One kind of deployment that has recently received some interest is the Centralized RAN (C-RAN) 
[73], where the baseband processing of the eNodeBs is located in a central office, geographically 
separate from the actual cell sites. In such a scenario it is more straightforward to coordinate the 
scheduling between multiple geographically separate cells, either by introducing inter-eNodeB coor-
dination within the central office or by simply deploying a massive eNodeB able to handle all the 

HII: intends to schedule cell-edge terminals on RBs {xi }

OI: high interference observed on RBs {yi}

X2 interface

Transmitting on RBs {xi}Cell A
i} to avoid interference f rom cell A

Cell B
• Avoids scheduling on RBs {x

• Reduces activity on RBs {yi} to reduce interference to cell A

FIGURE 13.10

Illustration of uplink ICIC based on HII and OI X2 signaling.
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cells connected to the central office. As an eNodeB is anyway just a logical node, in terms of physical 
realization these two approaches are essentially the same thing.

13.4  HETEROGENEOUS NETWORK DEPLOYMENTS
The continuous increase in traffic within mobile-broadband systems and an equally continuous increase 
in terms of the data rates requested by end-users will impact how cellular networks are deployed in the 
future. In general, providing very high system capacity (traffic per m2) and very high per-user data rates 
will require a densification of the radio-access network – that is, the deployment of additional network 
nodes. By increasing the number of cells, the traffic per m2 can be increased without requiring a cor-
responding increase in the traffic that needs to be supported per network node. Also, by increasing the 
number of network nodes, the base-station-to-terminal distances will, in general, be shorter, implying a 
link-budget improvement and a corresponding improvement in achievable data rates.

A general densification of the macro-cell layer – that is, reducing the coverage area of each cell 
and increasing the total number of macro-cell sites8 – as illustrated in the upper part of Figure 13.12, 
is a path that has already been taken by many operators. As an example, in many major cities the dis-
tance between macro-cell sites is often less than a few hundred meters in many cases.

An alternative or complement to a uniform densification of the macro-cell layer is to deploy addi-
tional lower-power nodes under the coverage area of a macro cell, as illustrated in the lower part 
of Figure 13.12. In such a heterogeneous or multi-layered network deployment, the underlaid pico-
cell layer does not need to provide full-area coverage. Rather, pico sites can be deployed to increase 
capacity and achievable data rates where needed. Outside of the pico-layer coverage, terminals would 
access the network by means of the overlaid macro cell.

Another example of heterogeneous network deployment is the complementary use of so-called 
home-eNodeBs, also often referred to as femto base stations. A home-eNodeB corresponds to a small 
low-power base station deployed by the end-user, typically within the home, and connecting to the 
operator network using the end-user’s wireline broadband connection.

X2 interface

Transmitting on RBs {xi}Cell A
Cell B

• Avoids scheduling cell-edge terminals on RBs {xi} to avoid 
interference f rom cell A

RNTP: intends to transmit with high power on RBs {xi}

FIGURE 13.11

Illustration of downlink ICIC based on RNTP X2 signaling.

8 A macro cell is herein defined as a high-power cell with its antennas typically located above rooftop level.
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A home-eNodeB is often associated with a so-called Closed Subscriber Group (CSG), with only 
users that are members of the CSG being allowed to access the home-eNodeB. Thus, users not being 
members of the CSG have to access the radio-access network via the overlaid macro-cell layer even 
when in close proximity to a home-eNodeB. As discussed further below, this causes additional inter-
ference problems with home-eNodeB deployments, beyond those of ordinary heterogeneous network 
deployments.

13.4.1  Interference Handling in a Heterogeneous Deployment
In itself, the use of heterogeneous network deployments in mobile-communication systems – that is, 
complementing a macro layer with lower-power pico nodes to increase traffic capacity and/or achiev-
able data rates in specific areas – is nothing new and has been used for a relatively long time in, for 
example, GSM networks. Different sets of carrier frequencies have then typically been used in the 
different cell layers, thereby avoiding strong interference between the layers.

However, for a wideband radio-access technology such as LTE, using different carrier frequencies 
for different cell layers may lead to an undesirable spectrum fragmentation. As an example, for an 
operator having access to 20 MHz of spectrum, a static frequency separation between two cell layers 
would imply that the total available spectrum had to be divided, with less than 20 MHz of spectrum 
being available in each layer. This could obviously reduce the maximum achievable data rates within 
each cell layer. Also, assigning a substantial part of the overall available spectrum to a cell layer with 
relatively low traffic may lead to inefficient spectrum utilization. Thus, with a wideband high-data-
rate system such as LTE, it should preferably be possible to deploy a multi-layer network structure 
with the same spectrum being available in the different cell layers.

However, the simultaneous use of the same spectrum in different cell layers will obviously imply 
interference between the layers. Due to the difference in transmit power between the nodes of a 

Densifying the macro layer

Macro cell

Pico cell

Complementing a macro layer with lower-power pico nodes 
(heterogeneous network deployment)

FIGURE 13.12

Network densification to enhance system capacity and support higher data rates.
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heterogeneous network deployment, such inter-layer interference may be more severe compared to 
inter-cell interference between cells of the same layer.

The characteristics of the inter-layer interference in a heterogeneous network deployment will also 
depend on the exact cell-selection strategy being used. Conventional cell selection is typically based 
on terminal measurements of the received power of some downlink signal, more specifically the cell-
specific reference signals in the case of LTE. However, in a heterogeneous network deployment with 
cells with substantially different transmit power, including different power of the reference signals, 
selecting the cell that is received with the highest power implies that the terminal may often select 
the higher-power macro cell even if the path loss to a pico cell is significantly smaller. This will obvi-
ously not be optimal from an uplink coverage and capacity point of view.

It should also be noted that, even in terms of downlink system efficiency, it may not be optimal to 
select the cell with the highest received power in a heterogeneous network deployment. Although the 
high-power macro cell is received with higher power, this is at least partly due to the higher macro-
cell transmit power. In that case, transmission from the macro cell is associated with a higher “cost” 
in terms of interference to other cells. Expressed alternatively, a transmission from the macro cell will 
prohibit the use of the same physical resource in any of the underlaid pico cells.

Alternatively, at the other extreme, cell selection could be based on estimates of the (uplink) path 
loss. In practice this can be achieved by applying a cell-specific offset to the received-power meas-
urements used in conventional cell selection, an offset that would compensate for the difference in 
cell transmit power.9 Such a cell-selection strategy would extend the area in which the pico-cell is 
selected, as illustrated in Figure 13.13. It is therefore also sometimes referred to as range extension.

Selecting the cell to which the path loss is the smallest – that is, applying range extension – 
would maximize the uplink received power/SINR, thus maximizing the achievable uplink data rates. 
Alternatively, for a given target received power, the terminal transmit power, and thus the interfer-
ence to other cells, would be reduced, leading to higher overall uplink system efficiency. Also, it 
could allow for the same downlink physical resource to also be used in other pico cells, thereby also 
improving downlink system efficiency.

Extended area where path loss to pico cell 
is less than path loss to macro cell

Area where pico cell is received
with higher power than macro cell

Macro

Pico

FIGURE 13.13

Illustration of high-interference area in a heterogeneous network deployment with range extension.

9 Such offsets or cell-selection biasing is already supported by LTE.
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However, due to the difference in transmit power between the cells of the different cell layers, 
there is an area (illustrated by the dashed region in Figure 13.13) where the pico cell is selected 
while, at the same time, the downlink transmission from the macro cell is received with substantially 
higher power than the actual desired downlink transmission from the pico cell. Within this area, there 
is thus potential for severe downlink inter-cell interference from the macro cell to pico-cell terminals, 
interference that may require special means to handle.

In the following we will assume that the transmissions from the macro cell and its underlaid pico 
cells are relatively time aligned, implying, for example, that the macro-cell PDCCH (PDSCH) trans-
missions will interfere with PDCCH (PDSCH) transmissions in the pico cell and vice versa.10

The interference from PDSCH transmissions in the macro cell to lower-power PDSCH trans-
missions within a pico cell can be relatively straightforwardly handled by scheduling coordination 
between the cells according to the same principles as inter-cell interference coordination between 
cells within a layer, as described in Section 13.3. As an example, the overlaid macro cell could  
simply avoid high-power PDSCH transmission in resource blocks in which a terminal in the high- 
interference region of a pico cell is to receive downlink data transmission. Such coordination can be more 
or less dynamic depending on to what extent and on what time scale the overlaid macro cell and the under-
laid pico cells can be coordinated. It should also be noted that, for a pico cell on the border between two 
macro cells, it may be necessary to coordinate scheduling simultaneously with both macro cells.

Less obvious is how to handle interference due to the macro-cell transmissions that cannot be 
dynamically scheduled, such as the L1/L2 control signaling (PDCCH, PCFICH, and PHICH). Within 
a cell layer, for example between two macro cells, interference between such transmissions is not a 
critical issue as LTE, including its control channels, has been designed to allow for one-cell frequency 
reuse and a corresponding SIR down to and even below 5 dB. However, in a heterogeneous network 
deployment with extensive range expansion, the downlink interference from the macro cell can be 
more than 15 dB above the signal received from the pico cell, corresponding to an SIR below 15 dB. 
In such low SIR it will not be possible to correctly decode even the very robust control channels. 
Instead, means are needed to avoid macro-to-pico interference for the L1/L2 control channels.

One possible approach to handle the extended interference in a heterogeneous network deploy-
ment with range-extended pico cells is to use carrier aggregation in combination with cross-carrier 
scheduling, as described in Section 10.4.6. The basic principle of such an approach is illustrated in 
Figure 13.14 for the case of two layers (macro and pico) and two downlink carriers (fM and fP).

In terms of data (PDSCH) transmission, both carriers are available in both cell layers and 
interference between the layers is handled by “conventional” inter-cell interference coordina-
tion, as discussed above. As already mentioned, such interference coordination can be more or 
less dynamic depending on the time scale on which the macro cell and its underlaid pico cells can 
be coordinated. Also, the possibility for carrier aggregation allows for both carriers – that is, the 
total available spectrum – to be assigned for transmission to a single terminal. Thus, at least for  
carrier-aggregation-capable terminals, there is no spectrum fragmentation in terms of data 
(PDSCH) transmission.

On the other hand, in terms of L1/L2 control signaling there is at least partly a more semi-static 
frequency separation between the layers. More specifically, the macro cell should avoid high-power 

10 This also assumes the same size of the control (PDCCH) region for macro and pico cells.
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transmission within the control region on carrier fP. In this way, interference to the control region of 
an underlaid pico cell is reduced on this carrier and the pico cells can use the carrier for control sign-
aling to terminals in the high-interference region. Due to the possibility for cross-carrier scheduling, 
even if the macro cell only transmits control signaling, including downlink scheduling assignments, 
on carrier fM, DL-SCH transmission on PDSCH can still be scheduled on both carriers as well as an 
aggregation of these. The same is true for the pico cell; even if the pico cell can only use carrier fP for 
transmission of scheduling assignments to terminals in the high-interference region, DL-SCH trans-
missions can still be scheduled on both carriers.

It should be noted that, for terminals not in the high interference region, the pico cell could also 
use carrier fM for L1/L2 control signaling. Similarly, the macro cell could use also carrier fP for con-
trol signaling, assuming a reduced transmit power is used. Thus, the macro cell could use carrier fP 
for lower-power control signaling, for example for terminals close to the macro-cell site.

The main drawback with the above-described carrier-aggregation-based approach to interfer-
ence handling in a heterogeneous network deployment is that it requires terminal support for carrier 
aggregation in order to ensure full flexibility in spectrum usage. For terminals not capable of carrier 
aggregation, for example all pre-release-10 terminals, the frequency separation of control signaling 
between the layers implies a corresponding frequency separation in terms of data transmission as, for 
such terminals, scheduling assignments on carrier fM can only schedule PDSCH transmissions on the 
same carrier. Thus, for such terminals there would be spectrum fragmentation.

If the carrier-aggregation approach described above cannot be used, one can instead apply more 
conventional interference coordination between the different layers, similar to interference coor-
dination within one cell layer as described in Section 13.3, but extended to also cover interference 
between control-channel transmissions of the different cell layers.

Data (PDSCH)

Control

fM fP

Macro layer

fM fP

Pico layer

Low power to reduce 
interference to pico-layer 

control region

Low interference in 
high-interference 

region

High interference in 
high-interference

region

Dynamic resource sharing 
by means of 

scheduling coordination

Possibility for
carrier aggregation

Cross-carrier
scheduling

Cross-carrier
scheduling

High-interference region

fM fP

FIGURE 13.14

Carrier-aggregation approach to interference avoidance in a heterogeneous network deployment.
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With such an approach, the same carrier is used for transmission in both the macro layer and 
the underlaid pico cells. However, the power of macro-cell transmissions is restricted in some sub-
frames. In contrast to conventional ICIC as described above, this restriction would not only apply 
to data (PDSCH) transmission, but also to the control region, as illustrated in Figure 13.15. In these 
protected subframes pico-cell terminals will thus experience less macro-cell interference for both data 
and control, and the pico cell can also use these subframes for transmission to terminals in the high-
interference region. In the example illustrated in Figure 13.15, two of eight subframes are configured 
as protected subframes.

To support this second approach to interference handling in a heterogeneous network, signaling of 
protected-subframe patterns – that is, information about the set of protected subframes – is supported 
between eNodeBs of different cell layers. Note that the set of protected subframes could be more or 
less dynamic, once again depending on the time scale on which the macro cell and the underlaid pico 
cells can be coordinated.

It should be noted that the macro cell must not necessarily completely avoid control-signaling 
transmission in the protected subframes. In particular, it could be beneficial to retain the possibil-
ity for a limited amount of control signaling related to uplink transmissions, for example a limited 
amount of uplink scheduling grants and/or PHICH transmission, in order not to cause too much 
impact on the uplink scheduling. As long as the macro-cell control-signaling transmissions are lim-
ited and only occupy a small fraction of the overall control region, the interference to terminals in the 
high-interference region of the pico cell could be kept at an acceptable level. However, the signaling 
of protected-subframe patterns is also defined so that impact on the uplink scheduling is minimized 
even if no uplink scheduling grants and PHICH can be transmitted in protected subframes. This is 
achieved by having the protected-subframe patterns matched to the eight-subframe timing of the 
uplink hybrid-ARQ protocol. It should be noted that this implies that the pattern is not aligned to the 
10 ms frame but only to a 40 ms four-frame structure for FDD. For TDD the periodicity also depends 
on the uplink-downlink configuration.

High-interference region

Macro layer

Pico layer

Protected subframe

Control Data (PDSCH)

Low interference in
high-interference region

Protected subframe

Period of protected-subframe pattern

FIGURE 13.15

Single-carrier approach to interference avoidance in a heterogeneous network deployment.
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Clearly, the interference experienced by pico-cell terminals may vary significantly between pro-
tected and non-protected subframes. CSI measurements carried out jointly on both the protected and 
non-protected subframes will thus not accurately reflect the interference of either type of subframes. 
Thus, as part of the enhanced support for heterogeneous network deployments, it is possible to con-
figure a terminal with different CSI-measurement subsets, confining the terminal CSI measurements 
to subsets of the full set of subframes with terminals reporting CSI for each subset separately. The 
corresponding CSI reports should then preferably reflect the interference level in protected and non-
protected subframes respectively. However, as mentioned above, the set of protected subframes may 
vary dynamically and it may not be feasible to update the CSI measurement sets accordingly. Thus, in 
practice, the CSI-measurement set corresponding to protected subframes may consist of only a sub-
set of the protected subframes, a set that should be relatively static. Similarly, the CSI-measurement 
set corresponding to non-protected subframes may consist of only a subset of the non-protected 
subframes.

It should also be noted that, in some cases, a pico cell could be located at the border between, and 
suffer interference from, two macro cells. If the macro cells have different configured and only partly 
overlapping sets of protected subframes, the pico-cell scheduling as well as the configuration of the 
CSI-measurement sets need to take the structure of the protected sets of both macro cells into account.

13.4.2  Interference Coordination in the Case of Home-eNodeB
In the case of home-eNodeB with CSG there are additional interference issues due to the fact that 
a terminal can be very close to the home-eNodeB and still have to communicate with the overlaid 
macro cell. Such a terminal may then be severely interfered on the downlink by any home-eNodeB 
transmission and may also cause severe uplink interference to the home-eNodeB. In principle, this 
can be solved by the same means as above – that is, by relying on interference coordination between 
the scheduling in the home-eNodeB layer and an overlaid macro, possibly extended by the carrier-
aggregation approach.

A key difference in this case, though, is that the interference avoidance must be two-way – that 
is, one must not only avoid interference from the macro cell to home-eNodeB terminals in the high-
interference outer region of the home-eNodeB coverage area, but also home-eNodeB interference to 
terminals close to the home-eNodeB but not being part of the home-eNodeB CSG.

A further complicating factor in a home-eNodeB scenario is that there are obvious limitations 
in the coordination between the home-eNodeB and an overlaid macro layer due to limited backhaul 
capabilities of a home-eNodeB. In essence, there is no X2 interface to an Home-eNodeB and, in prac-
tice, the configuration of protected /non-protected subframes must be more or less static, something 
that could obviously affect the overall system efficiency.
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Access Procedures 14
CHAPTER

The previous chapters have described the LTE uplink and downlink transmission schemes. However, 
prior to transmission of data, the terminal needs to connect to the network. This chapter describes the 
procedures necessary for a terminal to be able to access an LTE-based network.

14.1  ACQUISITION AND CELL SEARCH
Before an LTE terminal can communicate with an LTE network it has to do the following:

l	 Find and acquire synchronization to a cell within the network.
l	 Receive and decode the information, also referred to as the cell system information, needed to 

communicate with and operate properly within the cell.

The first of these steps, often simply referred to as cell search, is discussed in this section. The 
next section then discusses, in more detail, the means by which the network provides the cell system 
information.

Once the system information has been correctly decoded, the terminal can access the cell by 
means of the random-access procedure as described in Section 14.3.

14.1.1  Overview of LTE Cell Search
A terminal does not only need to carry out cell search at power-up – that is, when initially accessing 
the system. Rather, to support mobility, terminals need to continuously search for, synchronize to, and 
estimate the reception quality of neighboring cells. The reception quality of the neighboring cells, in 
relation to the reception quality of the current cell, is then evaluated to conclude if a handover (for ter-
minals in RRC_CONNECTED) or cell reselection (for terminals in RRC_IDLE) should be carried out.

LTE cell search consists of the following basic parts:

l	 Acquisition of frequency and symbol synchronization to a cell.
l	 Acquisition of frame timing of the cell – that is, determine the start of the downlink frame.
l	 Determination of the physical-layer cell identity of the cell.

As already mentioned (e.g. in Chapter 10), there are 504 different physical-layer cell identities 
defined for LTE, where each cell identity corresponds to one specific downlink reference-signal 
sequence. The set of physical-layer cell identities is further divided into 168 cell-identity groups, with 
three cell identities within each group.
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To assist the cell search, two special signals are transmitted on each downlink component car-
rier, the Primary Synchronization Signal (PSS) and the Secondary Synchronization Signal (SSS). 
Although having the same detailed structure, the time-domain positions of the synchronization sig-
nals within the frame differ somewhat depending on whether the cell is operating in FDD or TDD:

l	 In the case of FDD (upper part of Figure 14.1), the PSS is transmitted within the last symbol of 
the first slot of subframes 0 and 5, while the SSS is transmitted within the second last symbol  
of the same slot – that is, just prior to the PSS.

l	 In the case of TDD (lower part of Figure 14.1), the PSS is transmitted within the third symbol of 
subframes 1 and 6 – that is, within the DwPTS – while the SSS is transmitted in the last symbol  
of subframes 0 and 5 – that is, three symbols ahead of the PSS.

There are several reasons for the difference in the positions of the synchronization signals for 
FDD and TDD. For example, the difference allows for the detection of the duplex scheme used on a 
carrier if this is not known in advance.

Within one cell, the two PSSs within a frame are identical. Furthermore, the PSS of a cell can take 
three different values depending on the physical-layer cell identity of the cell. More specifically, the 
three cell identities within a cell-identity group always correspond to different PSS. Thus, once the 
terminal has detected and identified the PSS of the cell, it has found the following:

l	 Five-millisecond timing of the cell and thus also the position of the SSS, which has a fixed offset 
relative to the PSS.

l	 The cell identity within the cell-identity group. However, the terminal has not yet determined the 
cell-identity group itself – that is, the number of possible cell identities has been reduced from 
504 to 168.

Thus, from the SSS, the position of which is known once the PSS has been detected, the terminal 
should find the following:

l	 frame timing (two different alternatives given the found position of the PSS); and
l	 the cell-identity group (168 alternatives).

0

One frame (10 ms)

SSS PSS

One frame (10 ms)

SSS PSS

FDD

TDD

1 2 3 4 5 6 7 8 9

0 1 2 3 4 5 6 7 8 9

FIGURE 14.1

Time-domain position of PSS and SSS for FDD and TTD.
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Furthermore, it should be possible for a terminal to do this by the reception of one single SSS. 
The reason is that, for example, in the case when the terminal is searching for cells on other carriers, 
the search window may not be sufficiently large to cover more than one SSS.

To enable this, each SSS can take 168 different values corresponding to the 168 different cell-
identity groups. Furthermore, the set of values valid for the two SSSs within a frame (SSS1 in sub-
frame 0 and SSS2 in subframe 5) are different, implying that, from the detection of a single SSS, the 
terminal can determine whether SSS1 or SSS2 has been detected and thus determine frame timing.

Once the terminal has acquired frame timing and the physical-layer cell identity, it has identified 
the cell-specific reference signal. The behavior is slightly different depending on whether it is an ini-
tial cell search or cell search for the purpose of neighboring cell measurements:

l	 In the case of initial cell search – that is, the terminal state is in RRC_IDLE mode – the reference 
signal will be used for channel estimation and subsequent decoding of the BCH transport channel 
to obtain the most basic set of system information.

l	 In the case of mobility measurements – that is, the terminal is in RRC_CONNECTED mode – 
the terminal will measure the received power of the reference signal. If the measurement fulfills 
a configurable condition, it will trigger sending of a reference signal received power (RSRP) 
measurement report to the network. Based on the measurement report, the network will conclude 
whether a handover should take place. The RSRP reports can also be used for component carrier 
management,1 for example whether an additional component carrier should be configured or if the 
primary component carrier should be reconfigured.

14.1.2  PSS Structure
On a more detailed level, the three PSSs are three length-63 Zadoff–Chu (ZC) sequences extended 
with five zeros at the edges and mapped to the center 73 subcarriers (center six resource blocks) as 
illustrated in Figure 14.2. It should be noted though that the center subcarrier is actually not transmit-
ted as it coincides with the DC subcarrier. Thus, only 62 elements of the length-63 ZC sequences are 
actually transmitted (element X32

PSS is not transmitted).

OFDM
modulator

Cyclic-prefix
insertion

0
0

0
0

PSSX0
PSSX1

PSSX 62

Length 63
Zadoff–Chu
sequence

Five zeros

Five zeros

72 subcarriers (not including DC carrier)

62 subcarriers (not including DC carrier)

FIGURE 14.2

Definition and structure of PSS.

1 As discussed in Chapter 9, the specifications use the terms primary and secondary cells instead of primary and secondary 
component carriers.
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OFDM
modulator

Cyclic-prefix
insertion

0
0

0
0

PSSX1
0x

1x

30x

Sequence X

Sequence Y

0y

1y

30y

SSS1 in 
Subframe 0

SSS2 in 
Subframe 5

62 subcarriers (not including DC carrier)

72 subcarriers (not including DC carrier)

FIGURE 14.3

Definition and structure of SSS.

The PSS thus occupies 72 resource elements (not including the DC carrier) in subframes 0 and 5 
(FDD) and subframes 1 and 6 (TDD). These resource elements are then not available for transmission 
of DL-SCH.

14.1.3  SSS Structure
Similar to PSS, the SSS occupies the center 72 resource elements (not including the DC carrier) in 
subframes 0 and 5 (for both FDD and TDD). As described above, the SSS should be designed so that:

l	 The two SSS (SSS1 in subframe 0 and SSS2 in subframe 5) take their values from sets of 168 pos-
sible values corresponding to the 168 different cell-identity groups.

l	 The set of values applicable for SSS2 is different from the set of values applicable for SSS1 to 
allow for frame-timing detection from the reception of a single SSS.

The structure of the two SSS is illustrated in Figure 14.3. SSS1 is based on the frequency inter-
leaving of two length-31 m-sequences X and Y, each of which can take 31 different values (actually 
31 different shifts of the same m-sequence). Within a cell, SSS2 is based on exactly the same two 
sequences as SSS1. However, the two sequences have been swapped in the frequency domain, as out-
lined in Figure 14.3. The set of valid combinations of X and Y for SSS1 has then been selected so that 
a swapping of the two sequences in the frequency domain is not a valid combination for SSS1. Thus, 
the above requirements are fulfilled:

l	 The set of valid combinations of X and Y for SSS1 (as well as for SSS2) are 168, allowing for 
detection of the physical-layer cell identity.

l	 As the sequences X and Y are swapped between SSS1 and SSS2, frame timing can be found.

14.2  SYSTEM INFORMATION
By means of the basic cell-search procedure described in Section 14.1, a terminal synchronizes to a 
cell, acquires the physical-layer identity of the cell, and detects the cell frame timing. Once this has 
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been achieved, the terminal has to acquire the cell system information. This is information that is 
repeatedly broadcast by the network and which needs to be acquired by terminals in order for them 
to be able to access and, in general, operate properly within the network and within a specific cell. 
The system information includes, among other things, information about the downlink and uplink 
cell bandwidths, the uplink/downlink configuration in the case of TDD, detailed parameters related to 
random-access transmission and uplink power control, etc.

In LTE, system information is delivered by two different mechanisms relying on two different 
transport channels:

l	 A limited amount of system information, corresponding to the so-called Master-Information Block 
(MIB), is transmitted using the BCH.

l	 The main part of the system information, corresponding to different so-called System-Information 
Blocks (SIBs), is transmitted using the downlink shared channel (DL-SCH).

It should be noted that system information in both the MIB and the SIBs corresponds to the 
BCCH logical channel. Thus, as also illustrated in Figure 8.7 in Chapter 8, BCCH can be mapped to 
both BCH and DL-SCH depending on the exact BCCH information.

14.2.1  MIB and BCH Transmission
As mentioned above, the MIB transmitted using BCH consists of a very limited amount of system 
information, mainly such information that is absolutely needed for a terminal to be able to read the 
remaining system information provided using DL-SCH. More specifically, the MIB includes the fol-
lowing information:

l	 Information about the downlink cell bandwidth. Four bits are available within the MIB to indicate 
the downlink bandwidth. Thus, up to 16 different bandwidths, measured in number of resource 
blocks, can be defined for each frequency band.

l	 Information about the PHICH configuration of the cell. As mentioned in Section 10.4.2, the ter-
minal must know the PHICH configuration to be able to receive the L1/L2 control signaling on 
PDCCH which, in turn, is needed to receive DL-SCH. Thus, information about the PHICH config-
uration (three bits) is included in the MIB – that is, transmitted using BCH, which can be received 
and decoded without first receiving any PDCCH.

l	 The System Frame Number (SFN) or, more exactly, all bits except the two least significant bits of 
the SFN are included in the MIB. As described below, the terminal can indirectly acquire the two 
least significant bits of the SFN from the BCH decoding.

BCH physical-layer processing, such as channel coding and resource mapping, differs quite sub-
stantially from the corresponding processing and mapping for DL-SCH outlined in Chapter 10.

As can be seen in Figure 14.4, one BCH transport block, corresponding to the MIB, is transmitted 
every 40 ms. The BCH Transmissions Time Interval (TTI) thus equals 40 ms.

The BCH relies on a 16-bit CRC, in contrast to a 24-bit CRC used for all other downlink transport 
channels. The reason for the shorter BCH CRC is to reduce the relative CRC overhead, having the 
very small BCH transport-block size in mind.

BCH channel coding is based on the same rate-1/3 tail-biting convolutional code as is used for the 
PDCCH control channel. The reason for using convolutional coding for BCH, rather than the Turbo 
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code used for all other transport channels, is the small size of the BCH transport block. With such 
small blocks, tail-biting convolutional coding actually outperforms Turbo coding. The channel coding 
is followed by rate matching, in practice repetition of the coded bits, and bit-level scrambling. QPSK 
modulation is then applied to the coded and scrambled BCH transport block.

BCH multi-antenna transmission is limited to transmit diversity – that is, SFBC in the case of two 
antenna ports and combined SFBC/FSTD in the case of four antenna ports. Actually, as mentioned in 
Chapter 10, if two antenna ports are available within the cell, SFBC must be used for BCH. Similarly, if 
four antenna ports are available, combined SFBC/FSTD must be used. Thus, by blindly detecting what 
transmit-diversity scheme is used for BCH, a terminal can indirectly determine the number of cell-specific 
antenna ports within the cell and also the transmit-diversity scheme used for the L1/L2 control signaling.

As can also be seen from Figure 14.4, the coded BCH transport block is mapped to the first sub-
frame of each frame in four consecutive frames. However, as can be seen in Figure 14.5 and in contrast 
to other downlink transport channels, the BCH is not mapped on a resource-block basis. Instead, the 
BCH is transmitted within the first four OFDM symbols of the second slot of subframe 0 and only over 
the 72 center subcarriers.2 Thus, in the case of FDD, BCH follows immediately after the PSS and SSS 
in subframe 0. The corresponding resource elements are then not available for DL-SCH transmission.

The reason for limiting the BCH transmission to the 72 center subcarriers, regardless of the cell 
bandwidth, is that a terminal may not know the downlink cell bandwidth when receiving BCH. Thus, 

Demultiplexing

Modulation 

Channel coding
incl. rate matching

One BCH transport block

CRC insertion 

40 ms

16 bits CRC 

convolutional code 

QPSK 

Antenna mapping 

Next BCH transport block

Scrambling 

frame 4 × k frame 4 × k + 1 frame 4 × k + 2 frame 4 × k + 3 frame 4 × (k + 1)

R = 1/3 tail-biting

SFBC/SFBC + FSTD 

FIGURE 14.4

Channel coding and subframe mapping for the BCH transport channel.

2 Not including the DC carrier.
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when first receiving BCH of a cell, the terminal can assume a cell bandwidth equal to the minimum 
possible downlink bandwidth – that is, six resource blocks corresponding to 72 subcarriers. From the 
decoded MIB, the terminal is then informed about the actual downlink cell bandwidth and can adjust 
the receiver bandwidth accordingly.

Clearly, the total number of resource elements to which the coded BCH is mapped is very large 
compared to the size of the BCH transport block, implying extensive repetition coding or, equivalently, 
massive processing gain for the BCH transmission. Such large processing gain is needed as it should 
be possible to receive and correctly decode the BCH also by terminals in neighboring cells, imply-
ing potentially very low receiver Signal-to-Interference-and-Noise Ratio (SINR) when decoding the 
BCH. At the same time, many terminals will receive BCH in much better channel conditions. Such 
terminals then do not need to receive the full set of four subframes over which a BCH transport block 
is transmitted to acquire sufficient energy for correct decoding of the transport block. Instead, already 
by receiving only a few or perhaps only a single subframe, the BCH transport block may be decodable.

From the initial cell search, the terminal has found only the cell frame timing. Thus, when receiv-
ing BCH, the terminal does not know to what set of four subframes a certain BCH transport block is 
mapped. Instead, a terminal must try to decode the BCH at four possible timing positions. Depending 
on which decoding is successful, indicated by a correct CRC check, the terminal can implicitly deter-
mine 40 ms timing or, equivalently, the two least significant bits of the SFN.3 This is the reason why 
these bits do not need to be explicitly included in the MIB.

One frame (10 ms)

One BCH transport block

BCH

1st slot 2nd slot

FIGURE 14.5

Detailed resource mapping for the BCH transport channel.

3 BCH scrambling is defined with 40 ms periodicity, hence even if the terminal successfully decodes the BCH after observ-
ing only a single transmission instant, it can determine the 40 ms timing.
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14.2.2  System-Information Blocks
As already mentioned, the MIB on the BCH only includes a very limited part of the system infor-
mation. The main part of the system information is instead included in different System-Information 
Blocks (SIBs) that are transmitted using the DL-SCH. The presence of system information on 
DL-SCH in a subframe is indicated by the transmission of a corresponding PDCCH marked with a 
special System-Information RNTI (SI-RNTI). Similar to the PDCCH providing the scheduling assign-
ment for “normal” DL-SCH transmission, this PDCCH also indicates the transport format and physi-
cal resource (set of resource blocks) used for the system-information transmission.

LTE defines a number of different SIBs characterized by the type of information that is included 
within them:

l	 SIB1 includes information mainly related to whether a terminal is allowed to camp on the cell. This 
includes information about the operator/operators of the cell, if there are restrictions with regards to 
what users may access the cell, etc. SIB1 also includes information about the allocation of subframes 
to uplink/downlink and configuration of the special subframe in the case of TDD. Finally, SIB1 
includes information about the time-domain scheduling of the remaining SIBs (SIB2 and beyond).

l	 SIB2 includes information that terminals need in order to be able to access the cell. This includes 
information about the uplink cell bandwidth, random-access parameters, and parameters related to 
uplink power control.

l	 SIB3 mainly includes information related to cell reselection.
l	 SIB4–SIB8 include neighboring-cell-related information, including information related to neigh-

boring cells on the same carrier, neighboring cells on different carriers, and neighboring non-LTE 
cells, such as WCDMA/HSPA, GSM, and CDMA2000 cells.

l	 SIB9 contains the name of the home-eNodeB.
l	 SIB10–SIB12 contain public warning messages, for example earthquake information.
l	 SIB13 contains information necessary for MBMS reception (see also Chapter 15).

Not all the SIBs need to be present. For example, SIB9 is not relevant for an operator-deployed 
node and SIB13 is not necessary if MBMS is not provided in the cell.

Similar to the MIB, the SIBs are broadcasted repeatedly. How often a certain SIB needs to be 
transmitted depends on how quickly terminals need to acquire the corresponding system informa-
tion when entering the cell. In general, a lower-order SIB is more time critical and is thus transmitted 
more often compared to a higher-order SIB. SIB1 is transmitted every 80 ms, whereas the transmis-
sion period for the higher-order SIBs is flexible and can be different for different networks.

The SIBs represent the basic system information to be transmitted. The different SIBs are then 
mapped to different System-Information messages (SIs), which correspond to the actual trans-
port blocks to be transmitted on DL-SCH. SIB1 is always mapped, by itself, on to the first system- 
information message SI-1,4 whereas the remaining SIBs may be group-wise multiplexed on to the 
same SI subject to the following constraints:

l	 The SIBs mapped to the same SI must obviously have the same transmission period. Thus, as an 
example, two SIBs with a transmission period of 320 ms can be mapped to the same SI, whereas 
an SIB with a transmission period of 160 ms must be mapped to a different SI.

4 Strictly speaking, as SIB1 is not multiplexed with any other SIBs, it is not even said to be mapped to an SI. Rather, SIB1 
in itself directly corresponds to the transport block.
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l	 The total number of information bits that is mapped to a single SI must not exceed what is possi-
ble to transmit within a transport block.

It should be noted that the transmission period for a given SIB might be different in different net-
works. For example, different operators may have different requirements concerning the period when 
different types of neighboring-cell information needs to be transmitted. Furthermore, the amount of 
information that can fit into a single transport block very much depends on the exact deployment situ-
ation, such as cell bandwidth, cell size, and so on.

Thus, in general, the SIB-to-SI mapping for SIBs beyond SIB1 is flexible and may be different 
for different networks or even within a network. An example of SIB-to-SI mapping is illustrated in 
Figure 14.6. In this case, SIB2 is mapped to SI-2 with a transmission period of 160 ms. SIB3 and 
SIB4 are multiplexed into SI-3 with a transmission period of 320 ms, whereas SIB5, which also 
requires a transmission period of 320 ms, is mapped to a separate SI (SI-4). Finally, SIB6, SIB7, and 
SIB8 are multiplexed into SI-5 with a transmission period of 640 ms. Information about the detailed 
SIB-to-SI mapping, as well as the transmission period of the different SIs, is provided in SIB1.

Regarding the more detailed transmission of the different system-information messages there is 
a difference between the transmission of SI-1, corresponding to SIB1, and the transmission of the 
remaining SIs.

The transmission of SI-1 has only a limited flexibility. More specifically, SI-1 is always transmit-
ted within subframe 5. However, the bandwidth or, in general, the set of resource blocks over which 
SI-1 is transmitted, as well as other aspects of the transport format, may vary and is signaled on the 
associated PDCCH.

For the remaining SIs, the scheduling on DL-SCH is more flexible in the sense that each SI can, 
in principle, be transmitted in any subframe within time windows with well-defined starting points 
and durations. The starting point and duration of the time window of each SI are provided in SIB-1. It 
should be noted that an SI does not need to be transmitted on consecutive subframes within the time 
window, as is illustrated in Figure 14.7. Within the time window, the presence of system information 
in a subframe is indicated by the SI-RNTI on PDCCH, which also provides the frequency-domain 
scheduling as well as other parameters related to the system-information transmission.

Different SIs have different non-overlapping time windows. Thus, a terminal knows what SI is 
being received without the need for any specific identifier for each SI.

In the case of a relatively small SI and a relatively large system bandwidth, a single subframe may 
be sufficient for the transmission of the SI. In other cases, multiple subframes may be needed for the 
transmission of a single SI. In the latter case, instead of segmenting each SI into sufficiently small 

SIB2SIB1 SIB4SIB3 SIB6SIB5 SIB8SIB7

SI-2SI-1 SI-3 SI-5
160 ms80 ms 320 ms

SI-4
320 ms 640 msPeriod:

FIGURE 14.6

Example of mapping of SIBs to SIs.
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blocks that are separately channel coded and transmitted in separate subframes, the complete SI is 
channel coded and mapped to multiple, not necessarily consecutive, subframes.

Similar to the case of the BCH, terminals that are experiencing good channel conditions may then 
be able to decode the complete SI after receiving only a subset of the subframes to which the coded 
SI is mapped, while terminals in bad positions need to receive more subframes for proper decoding of 
the SI. This approach has two benefits:

l	 Similar to BCH decoding, terminals in good positions need to receive fewer subframes, implying 
the possibility for reduced terminal power consumption.

l	 The use of larger code blocks in combination with Turbo coding leads to improved channel-
coding gain.

Strictly speaking the single transport block containing the SI is not transmitted over multiple sub-
frames. Rather, the subsequent SI transmissions are seen as autonomous hybrid-ARQ retransmissions 
of the first SI transmission – that is, retransmissions taking place without any explicit feedback sign-
aling provided on the uplink.

For terminals capable of carrier aggregation, the system information for the primary component 
carrier is obtained as described above. For secondary component carriers, the terminal does not need 
to read the system-information blocks but assumes that the information obtained for the primary com-
ponent carrier also holds for the secondary component carriers. System information specific for the 
secondary component carrier is provided through dedicated RRC signaling as part of the procedure to 
configure an additional secondary component carrier. Using dedicated signaling instead of reading the 
system information on the secondary component carrier enables faster activation of secondary com-
ponent carriers as the terminal otherwise would have to wait until the relevant system information had 
been transmitted.

14.3  RANDOM ACCESS
A fundamental requirement for any cellular system is the possibility for the terminal to request a con-
nection setup, commonly referred to as random access. In LTE, random access is used for several 
purposes, including:

l	 for initial access when establishing a radio link (moving from RRC_IDLE to RRC_
CONNECTED; see Chapter 8 for a discussion on different terminal states);

l	 to re-establish a radio link after radio-link failure;

Start of transmission window

Repetition period, e.g 160 ms

Duration of transmission window

FIGURE 14.7

Transmission window for the transmission of an SI.
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l	 for handover when uplink synchronization needs to be established to the new cell;
l	 to establish uplink synchronization if uplink or downlink data arrives when the terminal is in 

RRC_CONNECTED and the uplink is not synchronized;
l	 for the purpose of positioning using positioning methods based on uplink measurements;
l	 as a scheduling request if no dedicated scheduling-request resources have been configured on 

PUCCH (see Chapter 13 for a discussion on uplink scheduling procedures).

Acquisition of uplink timing is a main objective for all the cases above; when establishing an ini-
tial radio link (that is, when moving from RRC_IDLE to RRC_CONNECTED), the random-access 
procedure also serves the purpose of assigning a unique identity, the C-RNTI, to the terminal.

A terminal may perform random access on its primary component carrier only.5 Either a contention-
based or a contention-free scheme can be used.

Contention-based random access uses a four-step procedure, illustrated in Figure 14.8, with the 
following steps:

1.	 The transmission of a random-access preamble, allowing the eNodeB to estimate the transmis-
sion timing of the terminal. Uplink synchronization is necessary as the terminal otherwise cannot 
transmit any uplink data.

2.	 The network transmits a timing advance command to adjust the terminal transmit timing, based on 
the timing estimate obtained in the first step. In addition to establishing uplink synchronization, 

Step 1 - random access preamble

Step 2 - random access response

Step 3 - RRC signaling

Step 4 - RRC signaling

eNodeB

user data

UE

Synchronize to 
downlink timing 

(from cell search)

Adjust uplink timing

Core Network

Only if UE is not known in eNodeB
(initial random access)

FIGURE 14.8

Overview of the random-access procedure.

5 The primary component carrier is UE specific, as already discussed; hence, from an eNodeB perspective, random access 
may occur on multiple component carriers.
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312 CHAPTER 14  Access Procedures

the second step also assigns uplink resources to the terminal to be used in the third step in the 
random-access procedure.

3.	 The transmission of the mobile-terminal identity to the network using the UL-SCH similar to nor-
mal scheduled data. The exact content of this signaling depends on the state of the terminal, in 
particular whether it is previously known to the network or not.

4.	 The final step consists of transmission of a contention-resolution message from the network to the 
terminal on the DL-SCH. This step also resolves any contention due to multiple terminals trying 
to access the system using the same random-access resource.

Only the first step uses physical-layer processing specifically designed for random access. The 
subsequent three steps utilize the same physical-layer processing as used for normal uplink and 
downlink data transmission. In the following, each of these steps is described in more detail.

Contention-free random access can only be used for re-establishing uplink synchronization upon 
downlink data arrival, handover, and positioning. Only the first two steps of the procedure above are 
used as there is no need for contention resolution in a contention-free scheme.

14.3.1  Step 1: Random-Access Preamble Transmission
The first step in the random-access procedure is the transmission of a random-access preamble. The 
main purpose of the preamble transmission is to indicate to the base station the presence of a random-
access attempt and to allow the base station to estimate the delay between the eNodeB and the termi-
nal. The delay estimate will be used in the second step to adjust the uplink timing.

The time–frequency resource on which the random-access preamble is transmitted is known as the 
Physical Random-Access Channel (PRACH). The network broadcasts information to all terminals in 
which time–frequency resource random-access preamble transmission is allowed (that is, the PRACH 
resources, in SIB-2). As part of the first step of the random-access procedure, the terminal selects one 
preamble to transmit on the PRACH.

In each cell, there are 64 preamble sequences available. Two subsets of the 64 sequences are 
defined as illustrated in Figure 14.9, where the set of sequences in each subset is signaled as part of 
the system information. When performing a (contention-based) random-access attempt, the terminal 
selects at random one sequence in one of the subsets. As long as no other terminal is performing a 
random-access attempt using the same sequence at the same time instant, no collisions will occur and 
the attempt will, with a high likelihood, be detected by the eNodeB.

The subset to select the preamble sequence from is given by the amount of data the terminal 
would like to (and from a power perspective can) transmit on the UL-SCH in the third random-access 

Preamble set  #0 Preamble set  #1

64 preambles in each cell

For contention-free access

FIGURE 14.9

Preamble subsets.
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step. Hence, from the preamble the terminal used, the eNodeB, will get some guidance on the amount 
of uplink resources to be granted to the terminal.

If the terminal has been requested to perform a contention-free random access, for example for 
handover to a new cell, the preamble to use is explicitly indicated from the eNodeB. To avoid colli-
sions, the eNodeB should preferably select the contention-free preamble from sequences outside the 
two subsets used for contention-based random access.

14.3.1.1  PRACH Time–Frequency Resources
In the frequency domain, the PRACH resource, illustrated in Figure 14.10, has a bandwidth corre-
sponding to six resource blocks (1.08 MHz). This nicely matches the smallest uplink cell bandwidth 
of six resource blocks in which LTE can operate. Hence, the same random-access preamble structure 
can be used, regardless of the transmission bandwidth in the cell.

In the time domain, the length of the preamble region depends on configured preamble, as will be dis-
cussed further below. The basic random-access resource is 1 ms in duration, but it is also possible to con-
figure longer preambles. Also, note that the eNodeB uplink scheduler in principle can reserve an arbitrary 
long-random-access region by simply avoiding scheduling terminals in multiple subsequent subframes.

Typically, the eNodeB avoids scheduling any uplink transmissions in the time–frequency resources 
used for random access, resulting in the random-access preamble being orthogonal to user data. This 
avoids interference between UL-SCH transmissions and random-access attempts from different ter-
minals. However, from a specification perspective, nothing prevents the uplink scheduler from sched-
uling transmissions in the random-access region. Hybrid-ARQ retransmissions are examples of this; 
synchronous non-adaptive hybrid-ARQ retransmissions may overlap with the random-access region 
and it is up to the implementation to handle this, either by moving the retransmissions in the fre-
quency domain as discussed in Chapter 12 or by handling the interference at the eNodeB receiver.

For FDD, there is at most one random-access region per subframe – that is, multiple random-
access attempts are not multiplexed in the frequency domain. From a delay perspective, it is better to 
spread out the random-access opportunities in the time domain to minimize the average waiting time 
before a random-access attempt can be initialized.

For TDD, multiple random-access regions can be configured in a single subframe. The rea-
son is the smaller number of uplink subframes per radio frame in TDD. To maintain the same 

10 ms frame

Uplink resources used for 
data transmission1 ms 

6 RB

1 ms 
6 RB Uplink resource reserved for random 

access preamble transmission

FIGURE 14.10

Principal illustration of random-access preamble transmission.
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random-access capacity as in FDD, frequency-domain multiplexing is sometimes necessary. The 
number of random-access regions is configurable and can vary from one per 20 ms to one per 1 ms for 
FDD; for TDD up to six attempts per 10 ms radio frame can be configured.

14.3.1.2  Preamble Structure and Sequence Selection
The preamble consists of two parts:

l	 Preamble sequence.
l	 Cyclic prefix.

Furthermore, the preamble transmission uses a guard period to handle the timing uncertainty. Prior to 
starting the random-access procedure, the terminal has obtained downlink synchronization from the 
cell-search procedure. However, as uplink synchronization has not yet been established prior to ran-
dom access, there is an uncertainty in the uplink timing6 as the location of the terminal in the cell is 
not known. The uplink timing uncertainty is proportional to the cell size and amounts to 6.7 μs/km. To 
account for the timing uncertainty and to avoid interference with subsequent subframes not used for 
random access, a guard time is used as part of the preamble transmission – that is, the length of the 
actual preamble is shorter than 1 ms.

Including a cyclic prefix as part of the preamble is beneficial as it allows for frequency-domain 
processing at the base station (discussed further below), which can be advantageous from a com-
plexity perspective. Preferably, the length of the cyclic prefix is approximately equal to the length 

Preamble

CP

Guard

Sequence

CP Sequence

Other usersOther usersNear user

Far user

distant-dependent timing uncertainty

0.8 ms0.1 ms 0.1 ms

CP NZC-point Zadoff–Chu sequenceConfiguration 0
(1 ms window)

0.8 ms0.68 ms 0.52 ms

Configuration 1
(2 ms window)

1.6 ms0.2 ms 0.2 ms

Configuration 2
(2 ms window)

0.68 ms 1.6 ms 0.72 ms

Configuration 3
(3 ms window)

Other usersOther users

FIGURE 14.11

Different preamble formats.

6 The start of an uplink frame at the terminal is defined relative to the start of a downlink frame received at the terminal.
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of the guard period. With a preamble sequence length of approximately 0.8 ms, there is 0.1 ms 
cyclic prefix and 0.1 ms guard time. This allows for cell sizes up to 15 km and is the typical random- 
access configuration, configuration 0 in Figure 14.11. To handle larger cells, where the timing uncer-
tainty is larger, preamble configurations 1–3 can be used. Some of these configurations also support a 
longer preamble sequence to increase the preamble energy at the detector, which can be beneficial in 
larger cells. The preamble configuration used in a cell is signaled as part of the system information. 
Finally, note that guard times larger than those in Figure 14.11 can easily be created by not schedul-
ing any uplink transmissions in the subframe following the random-access resource.

The preamble formats in Figure 14.11 are applicable to both FDD and TDD. However, for TDD, 
there is an additional fourth preamble configuration for random access. In this configuration, the  
random-access preamble is transmitted in the UpPTS field of the special subframe instead of in a 
normal subframe. Since this field is at most two OFDM symbols long, the preamble and the possible 
guard time are substantially shorter than the preamble formats described above. Hence, format 4 is 
applicable to very small cells only. The location of the UpPTS, next to the downlink-to-uplink switch 
for TDD, also implies that the interference from distant base stations may interfere with this short 
random-access format, which limits its usage to small cells and certain deployment scenarios.

14.3.1.3  PRACH Power Setting
The basis for setting the transmission power of the random-access preamble is a downlink path-loss 
estimate obtained from measuring the cell-specific reference signals on the primary downlink compo-
nent carrier. From this path-loss estimate, the initial PRACH transmission power is obtained by add-
ing a configurable offset.

The LTE random-access mechanism allows power ramping where the actual PRACH transmission 
power is increased for each unsuccessful random-access attempt. For the first attempt, the PRACH 
transmission power is set to the initial PRACH power. In most cases, this is sufficient for the random-
access attempts to be successful. However, if the random-access attempt fails (random-access failures 
are detected at the second of four random-access steps, as described in the following sections), the 
PRACH transmission power for the next attempt is increased by a configurable step size to increase 
the likelihood of the next attempt being successful.

Since the random-access preamble is orthogonal to the user data, the need for power ramping to 
control intra-cell interference is smaller than in other systems with non-orthogonal random access and 
in many cases the transmission power is set such that the first random-access attempt with a high like-
lihood is successful. This is beneficial from a delay perspective.

14.3.1.4  Preamble Sequence Generation
The preamble sequences are generated from cyclic shifts of root Zadoff–Chu sequences [74]. Zadoff–
Chu sequences are also used for creating the uplink reference signals as described in Chapter 11, 
where the structure of those sequences is described. From each root Zadoff–Chu sequence, X ku

ZC
( ) ( ) , 

[NZC/NCS] cyclically shifted7 sequences are obtained by cyclic shifts of NCS each, where NZC is the 
length of the root Zadoff–Chu sequence. The generation of the random-access preamble is illustrated 

7 The cyclic shift is in the time domain. Similar to the uplink reference signals and control signaling, this can equivalently 
be described as a phase rotation.
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in Figure 14.12. Although the figure illustrates generation in the time domain, frequency-domain gen-
eration can equally well be used in an implementation.

Cyclically shifted Zadoff–Chu sequences possess several attractive properties. The amplitude of 
the sequences is constant, which ensures efficient power amplifier utilization and maintains the low 
PAR properties of the single-carrier uplink. The sequences also have ideal cyclic auto-correlation, 
which is important for obtaining an accurate timing estimation at the eNodeB. Finally, the cross- 
correlation between different preambles based on cyclic shifts of the same Zadoff–Chu root sequence 
is zero at the receiver as long as the cyclic shift NCS used when generating the preambles is larger 
than the maximum round-trip propagation time in the cell plus the maximum delay spread of the 
channel. Therefore, due to the ideal cross-correlation property, there is no intra-cell interference from 
multiple random-access attempts using preambles derived from the same Zadoff–Chu root sequence.

To handle different cell sizes, the cyclic shift NCS is signaled as part of the system information. 
Thus, in smaller cells, a small cyclic shift can be configured, resulting in a larger number of cycli-
cally shifted sequences being generated from each root sequence. For cell sizes below 1.5 km, all 64 
preambles can be generated from a single root sequence. In larger cells, a larger cyclic shift needs to 
be configured and to generate the 64 preamble sequences, multiple root Zadoff–Chu sequences must 
be used in the cell. Although the larger number of root sequences is not a problem in itself, the zero 
cross-correlation property only holds between shifts of the same root sequence and from an interfer-
ence perspective it is therefore beneficial to use as few root sequences as possible.

Reception of the random-access preamble is discussed further below, but in principle it is based 
on correlation of the received signal with the root Zadoff–Chu sequences. One disadvantage of 
Zadoff–Chu sequences is the difficulties in separating a frequency offset from the distance-dependent 
delay. A frequency offset results in an additional correlation peak in the time domain, a correlation 
peak that corresponds to a spurious terminal-to-base-station distance. In addition, the true correla-
tion peak is attenuated. At low-frequency offsets, this effect is small and the detection performance 
is hardly affected. However, at high Doppler frequencies, the spurious correlation peak can be larger 
than the true peak. This results in erroneous detection; the correct preamble may not be detected or 
the delay estimate may be incorrect.

To avoid the ambiguities from spurious correlation peaks, the set of preamble sequences gener-
ated from each root sequence can be restricted. Restrictions imply that only some of the sequences 
that can be generated from a root sequence are used to define random-access preambles. Whether 
restriction should be applied or not to the preamble generation is signaled as part of the system infor-
mation. The location of the spurious correlation peak relative to the “true” peak depends on the root 
sequence and hence different restrictions have to be applied to different root sequences. The restric-
tions to apply are broadcast as part of the system information in the cell.

CP NZC point Zadoff- –Chu sequence

(not used, provides guard time)

CP 
insertion

Cyclic 
shift

NZC-point 
root 

Zadoff–
Chu seq.

FIGURE 14.12

Random-access preamble generation.
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14.3.1.5  Preamble Detection
The base-station processing is implementation specific, but due to the cyclic prefix included in the 
preamble, low-complexity frequency-domain processing is possible. An example hereof is shown 
in Figure 14.13. Samples taken in a time-domain window are collected and converted into the  
frequency-domain representation using an FFT. The window length is 0.8 ms, which is equal to the 
length of the Zadoff-Chu sequence without a cyclic prefix. This allows handling timing uncertainties 
up to 0.1 ms and matches the guard time defined for the basic preamble configuration.

The output of the FFT, representing the received signal in the frequency domain, is multiplied 
by the complex-conjugate frequency-domain representation of the root Zadoff-Chu sequence and 
the result is fed through an IFFT. By observing the IFFT outputs, it is possible to detect which of  
the shifts of the root Zadoff-Chu sequence has been transmitted and its delay. Basically, a peak of the 
IFFT output in interval i corresponds to the ith cyclically shifted sequence and the delay is given by 
the position of the peak within the interval. This frequency-domain implementation is computation-
ally efficient and allows simultaneous detection of multiple random-access attempts using different 
cyclically shifted sequences generated from the same root Zadoff-Chu sequence; in the case of multi-
ple attempts there will simply be a peak in each of the corresponding intervals.

14.3.2  Step 2: Random-Access Response
In response to the detected random-access attempt, the eNodeB will, as the second step of the  
random-access procedure, transmit a message on the DL-SCH, containing:

l	 The index of the random-access preamble sequences the network detected and for which the 
response is valid.

l	 The timing correction calculated by the random-access preamble receiver.

IFFT 
outputs

Sequence i detected, delay estimate τ

τ

i–1
interval i

i + 1i–2 i + 2
IFFT

Frequency-domain representation 
of Zadoff–Chu root sequence

UE close to eNodeB

UE far from eNodeB

*

*

CP NZC-point Zadoff–Chu sequence

CP NZC-point Zadoff–Chu sequence

sampling window

FFT

FIGURE 14.13

Random-access preamble detection in the frequency domain.
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l	 A scheduling grant, indicating resources the terminal will use for the transmission of the message 
in the third step.

l	 A temporary identity, the TC-RNTI, used for further communication between the terminal and the 
network.

If the network detects multiple random-access attempts (from different terminals), the individ-
ual response messages of multiple terminals can be combined in a single transmission. Therefore, 
the response message is scheduled on the DL-SCH and indicated on a PDCCH using an identity 
reserved for random-access response, the RA-RNTI. All terminals that have transmitted a preamble 
monitor the L1/L2 control channels for random-access response within a configurable time window. 
The timing of the response message is not fixed in the specification in order to be able to respond to 
sufficiently many simultaneous accesses. It also provides some flexibility in the base-station imple-
mentation. If the terminal does not detect a random-access response within the time window, the 
attempt will be declared as failed and the procedure will repeat from the first step again, possibly with 
an increased preamble transmission power.

As long as the terminals that performed random access in the same resource used different pream-
bles, no collision will occur and from the downlink signaling it is clear to which terminal(s) the infor-
mation is related. However, there is a certain probability of contention – that is, multiple terminals 
using the same random-access preamble at the same time. In this case, multiple terminals will react 
upon the same downlink response message and a collision occurs. Resolving these collisions is part 
of the subsequent steps, as discussed below. Contention is also one of the reasons why hybrid ARQ 
is not used for transmission of the random-access response. A terminal receiving a random-access 
response intended for another terminal will have incorrect uplink timing. If hybrid ARQ were used, 
the timing of the hybrid-ARQ acknowledgement for such a terminal would be incorrect and may dis-
turb uplink control signaling from other users.

Upon reception of the random-access response in the second step, the terminal will adjust its 
uplink transmission timing and continue to the third step. If contention-free random access using a 
dedicated preamble is used, then this is the last step of the random-access procedure as there is no 
need to handle contention in this case. Furthermore, the terminal already has a unique identity allo-
cated in the form of a C-RNTI.

14.3.3  Step 3: Terminal Identification
After the second step, the uplink of the terminal is time synchronized. However, before user data can 
be transmitted to/from the terminal, a unique identity within the cell, the C-RNTI, must be assigned 
to the terminal. Depending on the terminal state, there may also be a need for additional message 
exchange for setting up the connection.

In the third step, the terminal transmits the necessary messages to the eNodeB using the UL-SCH 
resources assigned in the random-access response in the second step. Transmitting the uplink message 
in the same manner as scheduled uplink data instead of attaching it to the preamble in the first step is 
beneficial for several reasons. First, the amount of information transmitted in the absence of uplink 
synchronization should be minimized, as the need for a large guard time makes such transmissions 
relatively costly. Secondly, the use of the “normal” uplink transmission scheme for message trans-
mission allows the grant size and modulation scheme to be adjusted to, for example, different radio 
conditions. Finally, it allows for hybrid ARQ with soft combining for the uplink message. The latter is 
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an important aspect, especially in coverage-limited scenarios, as it allows for the use of one or several 
retransmissions to collect sufficient energy for the uplink signaling to ensure a sufficiently high prob-
ability of successful transmission. Note that RLC retransmissions are not used for the uplink RRC 
signaling in step 3.

An important part of the uplink message is the inclusion of a terminal identity, as this identity is 
used as part of the contention-resolution mechanism in the fourth step. If the terminal is in the RRC_
CONNECTED state – that is, connected to a known cell and therefore has a C-RNTI assigned – this 
C-RNTI is used as the terminal identity in the uplink message.8 Otherwise, a core-network terminal 
identifier is used and the eNodeB needs to involve the core network prior to responding to the uplink 
message in step 3.

UE-specific scrambling is used for transmission on UL-SCH, as described in Chapter 11. 
However, as the terminal may not yet have been allocated its final identity, the scrambling cannot be 
based on the C-RNTI. Instead, a temporary identity is used (TC-RNTI).

14.3.4  Step 4: Contention Resolution
The last step in the random-access procedure consists of a downlink message for contention reso-
lution. Note that, from the second step, multiple terminals performing simultaneous random-access 
attempts using the same preamble sequence in the first step listen to the same response message in the 
second step and therefore have the same temporary identifier. Hence, in the fourth step, each terminal 
receiving the downlink message will compare the identity in the message with the identity transmitted 
in the third step. Only a terminal which observes a match between the identity received in the fourth 
step and the identity transmitted as part of the third step will declare the random-access procedure 
successful. If the terminal has not yet been assigned a C-RNTI, the TC-RNTI from the second step is 
promoted to the C-RNTI; otherwise the terminal keeps its already assigned C-RNTI.

The contention-resolution message is transmitted on the DL-SCH, using the temporary identity 
from the second step for addressing the terminal on the L1/L2 control channel. Since uplink syn-
chronization has already been established, hybrid ARQ is applied to the downlink signaling in this 
step. Terminals with a match between the identity they transmitted in the third step and the message 
received in the fourth step will also transmit a hybrid-ARQ acknowledgement in the uplink.

Terminals that do not find a match between the identity received in the fourth step and the respec-
tive identity transmitted as part of the third step are considered to have failed the random-access pro-
cedure and need to restart the procedure from the first step. Obviously, no hybrid-ARQ feedback is 
transmitted from these terminals. Furthermore, a terminal that has not received the downlink message 
in step 4 within a certain time from the transmission of the uplink message in step 3 will declare the 
random-access procedure as failed and need to restart from the first step.

14.4  PAGING
Paging is used for network-initiated connection setup when the terminal is in RRC_IDLE. In LTE, the 
same mechanism as for “normal” downlink data transmission on the DL-SCH is used and the mobile 
terminal monitors the L1/L2 control signaling for downlink scheduling assignments related to paging. 

8 The terminal identity is included as a MAC control element on the UL-SCH.
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Since the location of the terminal typically is not known on a cell level, the paging message is typi-
cally transmitted across multiple cells in the so-called tracking area (the tracking area is controlled by 
the MME; see [9] for a discussion on tracking areas).

An efficient paging procedure should allow the terminal to sleep with no receiver processing most 
of the time and to briefly wake up at predefined time intervals to monitor paging information from 
the network. Therefore, a paging cycle is defined, allowing the terminal to sleep most of the time and 
only briefly wake up to monitor the L1/L2 control signaling. If the terminal detects a group identity 
used for paging (the P-RNTI) when it wakes up, it will process the corresponding downlink paging 
message transmitted on the PCH. The paging message includes the identity of the terminal(s) being 
paged, and a terminal not finding its identity will discard the received information and sleep accord-
ing to the DRX cycle. Obviously, as the uplink timing is unknown during the DRX cycles, no hybrid-
ARQ acknowledgements can be transmitted and consequently hybrid ARQ with soft combining is not 
used for paging messages.

The network configures in which subframes a terminal should wake up and listen for paging. 
Typically, the configuration is cell specific, although there is a possibility to complement the setting 
by UE-specific configuration. In which frame a given terminal should wake up and search for the 
P-RNTI on a PDCCH is determined by an equation taking as input the identity of the terminal as well 
as a cell-specific and (optionally) a UE-specific paging cycle. The identity used is the so-called IMSI, 
an identity coupled to the subscription, as an idle mode terminal does not have a C-RNTI allocated, 
and the paging cycle for a terminal can range from once per 256 up to once per 32 frames. The sub-
frame within a frame to monitor for paging is also derived from the IMSI. Since different terminals 

Paging cycle

Paging cycle

UE1

UE2

eNodeB

Possible paging occasions

FIGURE 14.14

Illustration of paging cycles.

Table 14.1  Paging Cycles and Paging Subframes

Number of Paging Subframes per Paging Cycle

1/32 1/16 1/8 1/4 1/2 1 2 4

Paging subframes in a 
paging frame

FDD 9 9 9 9 9 9 4, 9 0, 4, 5, 9

TDD 0 0 0 0 0 0 0, 5 0, 1, 5, 6
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have different IMSI, they will compute different paging instances. Hence, from a network perspective,  
paging may be transmitted more often than once per 32 frames, although not all terminals can be 
paged at all paging occasions as they are distributed across the possible paging instances as shown in 
Figure 14.14.

Paging messages can only be transmitted in some subframes, ranging from one subframe per  
32 frames up to a very high paging capacity with paging in four subframes in every frame. The con-
figurations are shown in Table 14.1. Note that, from a network perspective, the cost of a short paging 
cycle is minimal as resources not used for paging can be used for normal data transmission and are 
not wasted. However, from a terminal perspective, a short paging cycle increases the power consump-
tion as the terminal needs to wake up frequently to monitor the paging instants.

In addition to initiating connection to terminals being in RRC_IDLE, paging can also be used to 
inform terminals in RRC_IDLE as well as RRC_CONNECTED about changes of system informa-
tion. A terminal being paged for this reason knows that the system information will change and there-
fore needs to acquire the update system information as described in Section 14.2.

Petitioners' Exhibit 1003, p. 1273 
AT&T et al v. ASUS Technology & Celerity 

IPR2024-01142



Petitioners' Exhibit 1003, p. 1274 
AT&T et al v. ASUS Technology & Celerity 

IPR2024-01142



323
4G LTE/LTE-Advanced for Mobile Broadband.
© 2011 Erik Dahlman, Stefan Parkvall & Johan Sköld. Published by Elsevier Ltd. All rights reserved.2011

Multimedia Broadcast/Multicast 
Services 15

CHAPTER

In the past, cellular systems have mostly focused on transmission of data intended for a single user 
and not on multicast/broadcast services. Broadcast networks, exemplified by the radio and TV broad-
casting networks, have on the other hand focused on covering very large areas with the same con-
tent and have offered no or limited possibilities for transmission of data intended for a single user. 
Multimedia Broadcast Multicast Services (MBMS) support multicast/broadcast services in a cellular 
system, thereby combining the provision of multicast/broadcast and unicast services within a single 
network.

With MBMS, the same content is transmitted to multiple users located in a specific area, known as 
the MBMS service area and typically comprising multiple cells. In each cell participating in the trans-
mission, a point-to-multipoint radio resource is configured and all users subscribing to the MBMS 
service simultaneously receive the same transmitted signal. No tracking of users’ movement in the 
radio-access network is performed and users can receive the content without notifying the network.

When providing multicast/broadcast services for mobile devices there are several aspects to take 
into account, of which two deserve special attention and will be elaborated upon further below: good 
coverage and low terminal power consumption.

The coverage, or more accurately the data rate possible to provide, is basically determined by the 
link quality of the worst-case user, as no user-specific adaptation of transmission parameters can be 
used in a multicast/broadcast system providing the same information to multiple users. As discussed 
in Chapter 3, OFDM transmission provides specific benefits for provision of multi-cell multicast/
broadcast services. If the transmissions from the different cells are time synchronized, the resulting 
signal will, from a terminal point of view, appear as a transmission from a single point over a time-
dispersive channel. As mentioned in Chapter 7, for LTE this kind of transmission is referred to as an 
MBMS Single-Frequency Network (MBSFN). MBSFN transmission provides several benefits:

l	 Increased received signal strength, especially at the border between cells involved in the MBSFN 
transmission, as the terminal can utilize the signal energy received from multiple cells.

l	 Reduced interference level, once again especially at the border between cells involved in the 
MBSFN transmission, as the signals received from neighboring cells will not appear as interfer-
ence but as useful signals.

l	 Additional diversity against fading on the radio channel as the information is received from sev-
eral, geographically separated locations, typically making the overall aggregated channel appear 
highly time-dispersive or, equivalently, highly frequency selective.
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324 CHAPTER 15  Multimedia Broadcast/Multicast Services

Altogether, this allows for significant improvements in the multicast/broadcast reception quality, 
especially at the border between cells involved in the MBSFN transmission, and, as a consequence, 
significant improvements in the achievable multicast/broadcast data rates.

Providing for power-efficient reception in the terminal in essence implies that the structure of the 
overall transmission should be such that data for a service-of-interest is provided in short high-data-
rate bursts rather than longer low-data-rate bursts. This allows the terminal to occasionally wake up 
to receive data with long periods of DRX in between. In LTE, this is catered for by time-multiplexing 
unicast and broadcast transmissions, as well as by the scheduling of different MBMS services, as dis-
cussed further below.

15.1  ARCHITECTURE
An MBSFN area is a specific area where one or several cells transmit the same content. For example, 
in Figure 15.1, cells 8 and 9 both belong to MBSFN area C. Not only can an MBSFN area consist 
of multiple cells, a single cell can also be part of multiple, up to eight, MBSFN areas, as shown in 
Figure 15.1, where cells 4 and 5 are part of both MBSFN areas A and B. Note that, from an MBSFN 
reception point of view, the individual cells are invisible, although the terminal needs to be aware of 
the different cells for other purposes, such as reading system information and notification indicators, 
as discussed below. The MBSFN areas are static and do not vary over time.

The usage of MBSFN transmission obviously requires not only time synchronization among the 
cells participating in an MBSFN area, but also usage of the same set of radio resources in each of 
the cells for a particular service. This coordination is the responsibility of the Multi-cell/multicast 
Coordination Entity (MCE), which is a logical node in the radio-access network handling alloca-
tion of radio resources and transmission parameters (time–frequency resources and transport for-
mat) across the cells in the MBSFN area. As shown in Figure 15.2, the MCE1 can control multiple 
eNodeBs, each handling one or more cells.

Overlap

MBSFN area A B

Cells

1
2
3

4
5

6
7

8
9

C

FIGURE 15.1

Example of MBSFN areas.

1 There is an alternative architecture supported where MCE functionality is included in every eNodeB. However, as there is 
no communication between MCEs in different eNodeBs, the MBSFN area would in this case be limited to the set of cells 
controlled by a single eNodeB.
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The Broadcast Multicast Service Center (BM-SC), located in the core network, is responsible for 
authorization and authentication of content providers, charging, and the overall configuration of the 
data flow through the core network. The MBMS gateway (MBMS-GW) is a logical node handling 
multicast of IP packets from the BM-SC to all eNodeBs involved in transmission in the MBSFN area. 
It also handles session control signaling via the MME.

From the BM-SC, the MBMS data is forwarded using IP multicast, a method of sending an IP 
packet to multiple receiving network nodes in a single transmission, via the MBMS gateway to the 
cells from which the MBMS transmission is to be carried out. Hence, MBMS is not only efficient 
from a radio-interface perspective, but it also saves resources in the transport network by not having 
to send the same packet to multiple nodes individually unless necessary. This can lead to significant 
savings in the transport network.

15.2  �OVERALL CHANNEL STRUCTURE AND PHYSICAL-LAYER 
PROCESSING

The basis for MBSFN transmission is the Multicast Channel (MCH), a transport channel type 
supporting MBSFN transmission. Two types of logical channels can be multiplexed and mapped to 
the MCH:

l	 Multicast Traffic Channel (MTCH)
l	 Multicast Control Channel (MCCH).

The MTCH is the logical channel type used to carry MBMS data corresponding to a cer-
tain MBMS service. If the number of services to be provided in an MBSFN area is large, multiple 
MTCHs can be configured. Obviously, as no acknowledgements are transmitted by the terminals, no 
RLC retransmissions can be used and consequently the RLC unacknowledged mode is used.

The MCCH is the logical channel type used to carry control information necessary for reception 
of a certain MBMS service, including the subframe allocation and modulation-and-coding scheme for 
each MCH. There is one MCCH per MBSFN area. Similarly to the MTCH, the RLC uses unacknowl-
edged mode.

M1

M2

M3

RAN

Content provider

BM-SC
MBMS

GW

eNB eNB

MCEMME Control plane
User plane

Core Network eNB

FIGURE 15.2

LTE MBMS architecture.
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One or several MTCHs and, if applicable,2 one MCCH are multiplexed at the MAC layer to form 
an MCH transport channel. As already described in Chapter 8, the MAC header contains informa-
tion about the logical-channel multiplexing, in this specific case the MTCH/MCCH multiplexing, 
such that the terminal can demultiplex the information upon reception. The MCH is transmitted using 
MBSFN in one MBSFN area.

The transport-channel processing for MCH is, in most respects, the same as that for DL-SCH as 
described in Section 10.1, with some exceptions:

l	 In the case of MBSFN transmission, the same data is to be transmitted with the same transport 
format using the same physical resource from multiple cells typically belonging to different  
eNodeBs. Thus, the MCH transport format and resource allocation cannot be dynamically 
adjusted by the eNodeB. As described above, the transport format is instead determined by the 
MCE and signaled to the terminals as part of the information sent on the MCCH.

l	 As the MCH transmission is simultaneously targeting multiple terminals and therefore no feed-
back is used, hybrid ARQ is not applicable in the case of MCH transmission.

l	 As already mentioned, multi-antenna transmission (transmit diversity and spatial multiplexing) 
does not apply to MCH transmission.

Furthermore, as also mentioned in Chapter 10, the PMCH scrambling should be MBSFN-area 
specific – that is, identical for all cells involved in the MBSFN transmission.

The MCH is mapped to the PMCH physical channel and transmitted in MBSFN subframes, illus-
trated in Figure 15.3. As discussed in Chapter 9, an MBSFN subframe consists of two parts: a control 
region, used for transmission of regular unicast L1/L2 control signaling; and an MBSFN region, used 
for transmission of the MCH.3 Unicast control signaling may be needed in an MBSFN subframe, for 
example to schedule uplink transmissions in a later subframe, but is also used for MBMS-related sig-
naling, as discussed further below.

First slot Second slot

“Hole”

Control region using normal 
cyclic prefix

MBSFN region
using extended cyclic prefix

FIGURE 15.3

Resource-block structure for MBSFN subframes, assuming normal cyclic prefix for the control region.

2 One MCCH per MBSFN area is needed, but it does not have to occur in every MCH TTI, nor on all MCHs in the 
MBSFN area.
3 As discussed in Chapter 9, MBSFN subframes can be used for multiple purposes and not all of them have to be used for 
MCH transmission.
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As already discussed in Chapter 3, in the case of MBSFN-based multicast/broadcast transmis-
sion, the cyclic prefix should not only cover the main part of the actual channel time dispersion but 
also the timing difference between the transmissions received from the cells involved in the MBSFN 
transmission. Therefore, MCH transmissions, which can take place in the MBSFN region only, use 
an extended cyclic prefix. If a normal cyclic prefix is used for normal subframes, and therefore also 
in the control region of MBSFN subframes, there will be a small “hole” between the two parts of an 
MBSFN subframe, as illustrated in Figure 15.3. The reason is to keep the start timing of the MBSFN 
region fixed, irrespective of the cyclic prefix used for the control region.

As already mentioned, the MCH is transmitted by means of MBSFN from the set of cells that are 
part of the corresponding MBSFN area. Thus, as seen from the terminal point of view, the radio chan-
nel that the MCH has propagated over is the aggregation of the channels of each cell within the MBSFN 
area. For channel estimation for coherent demodulation of the MCH, the terminal can thus not rely on 
the normal cell-specific reference signals transmitted from each cell. Rather, in order to enable coherent 
demodulation for MCH, special MBSFN reference symbols are inserted within the MBSFN part of the 
MBSFN subframe, as illustrated in Figure 15.4. These reference symbols are transmitted by means of 
MBSFN over the set of cells that constitute the MBSFN area – that is, they are transmitted at the same 
time–frequency position and with the same reference-symbol values from each cell. Channel estimation 
using these reference symbols will thus correctly reflect the overall aggregated channel corresponding to 
the MCH transmissions of all cells that are part of the MBSFN area.

MBSFN transmission in combination with specific MBSFN reference signals can be seen as 
transmission using a specific antenna port, referred to as antenna port 4.

A terminal can assume that all MBSFN transmissions within a given subframe correspond to the 
same MBSFN area. Hence, a terminal can interpolate over all MBSFN reference symbols within a 
given MBSFN subframe when estimating the aggregated MBSFN channel. In contrast, MCH trans-
missions in different subframes may, as already discussed, correspond to different MBSFN areas. 
Consequently, a terminal cannot necessarily interpolate the channel estimates across multiple 
subframes.

As can be seen in Figure 15.4, the frequency-domain density of MBSFN reference symbols is 
higher than the corresponding density of cell-specific reference symbols. This is needed as the 

“Hole”

Cell-specific reference signals

MBSFN reference signals PMCH resource elements

FIGURE 15.4

Reference-signal structure for PMCH reception.
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aggregated channel of all cells involved in the MBSFN transmission will be equivalent to a highly 
time-dispersive or, equivalently, highly frequency-selective channel. Consequently, a higher  
frequency-domain reference-symbol density is needed.

There is only a single MBSFN reference signal in MBSFN subframes. Thus, multi-antenna trans-
mission such as transmit diversity and spatial multiplexing is not supported for MCH transmission. 
The main argument for not supporting any standardized transmit diversity scheme for MCH transmis-
sion is that the high frequency selectivity of the aggregated MBSFN channel in itself provides sub-
stantial (frequency) diversity.

15.3  SCHEDULING OF MBMS SERVICES
Good coverage throughout the MBSFN area is, as already explained, one important aspect of provid-
ing broadcast services. Another important aspect, as mentioned in the introduction, is to provide for 
energy-efficient reception. In essence, for a given service, this translates into transmission of short 
high-rate bursts in between which the terminal can enter a DRX state to reduce power consumption. 
LTE therefore makes extensive use of time-multiplexing of MBMS services and the associated signal-
ing, as well as provides a mechanism to inform the terminal when in time a certain MBMS service is 
transmitted. Fundamental to the description of this mechanism are the Common Subframe Allocation 
(CSA) period and the MCH Scheduling Period (MSP).

All MCHs that are part of the same MBSFN area occupy a pattern of MBSFN subframes known 
as the Common Subframe Allocation (CSA). The CSA is periodic, as illustrated in Figure 15.5. 

Frame 0 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15

Frame 0–15 Frame 32–47 Frame 48–63 Frame 64–79Frame 16–31

MSI 1 MSI 1 MSI 1 MSI 1 MSI 1
MSI 2 MSI 2

MSI 3 MSI 3 MSI 3 MSI 3

MSA-end 1

MCH 1 MCH 2 MCH 3

CSA period

MSP 2
MSP 1

FIGURE 15.5

Example of scheduling of MBMS services.
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Obviously, the subframes used for transmission of the MCH must be configured as MBSFN sub-
frames, but the opposite does not hold – MBSFN subframes can be configured for other purposes 
as well, for example to support the backhaul link in the case of relaying, as described in Chapter 16. 
Furthermore, the allocation of MBSFN subframes for MCH transmission should obviously be identi-
cal across the MBSFN area as there otherwise will not be any MBSFN gain. This is the responsibility 
of the MCE.

Transmission of a specific MCH follows the MCH subframe allocation (MSA). The MSA is peri-
odic and at the beginning of each MCH Scheduling Period (MSP), a MAC control element is used to 
transmit the MCH Scheduling Information (MSI). The MSI indicates which subframes are used for 
a certain MTCH in the upcoming scheduling period. Not all possible subframes need to be used; if 
a smaller number than allocated to an MCH is required by the MTCH(s), the MSI indicates the last 
MCH subframe to be used for this particular MTCH (MSA end in Figure 15.5), while the remaining 
subframes are not used for MBMS transmission. The different MCHs are transmitted in consecutive 
order within a CSA period – that is, all subframes used by MCH n in a CSA are transmitted before 
the subframes used for MCH n  1 in the same CSA period.

The fact that the transport format is signaled as part of the MCCH implies that the MCH trans-
port format may differ between MCHs but must remain constant across subframes used for the same 
MCH. The only exception is subframes used for the MCCH and MSI, where the MCCH-specific 
transport format, signaled as part of the system information, is used instead.

In the example in Figure 15.5, the scheduling period for the first MCH is 16 frames, corresponding 
to one CSA period, and the scheduling information for this MCH is therefore transmitted once every 
16 frames. The scheduling period for the second MCH, on the other hand, is 32 frames, corresponding 
to two CSA periods, and the scheduling information is transmitted once every 32 frames. The MCH 
scheduling periods can range from 80 ms to 10.24 s.

To summarize, for each MBSFN area, the MCCH provides information about the CSA pattern, 
the CSA period, and, for each MCH in the MBSFN area, the transport format and the schedul-
ing period. This information is necessary for the terminal to properly receive the different MCHs. 
However, the MCCH is a logical channel and itself mapped to the MCH, which would result in a 
chicken-and-egg problem – the information necessary for receiving the MCH is transmitted on the 
MCH. Hence, in TTIs when the MCCH (or MSI) is multiplexed into the MCH, the MCCH-specific 
transport format is used for the MCH. The MCCH-specific transport format is provided as part of the 
system information (SIB13; see Chapter 14 for a discussion about system information). The system 
information also provides information about the scheduling and modifications periods of the MCCH 
(but not about CSA period, CSA pattern, and MSP, as those quantities are obtained from the MCCH 
itself). Reception of a specific MBMS service can thus be described by the following steps:

l	 Receive SIB13 to obtain knowledge on how to receive the MCCH for this particular MBSFN area.
l	 Receive the MCCH to obtain knowledge about the CSA period, CSA pattern, and MSP for the 

service of interest.
l	 Receive the MSI at the beginning of each MSP. This provides the terminal with information on 

which subframes the service of interest can be found in.

After the second step above, the terminal has acquired the CSA period, CSA pattern, and MSP. 
These parameters typically remain fixed for a relatively long time. The terminal therefore only needs 
to receive the MSI and the subframes in which the MTCH carrying the service of interest are located, 
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as described in the third bullet above. This greatly helps to reduce the power consumption in the ter-
minal as it can sleep in most of the subframes.

Occasionally there may be a need to update the information provided on the MCCH, for example 
when starting a new service. Requiring the terminal to repeatedly receive the MCCH comes at a cost 
in terms of terminal power consumption. Therefore, a fixed schedule for MCCH transmission is used 
in combination with a change-notification mechanism, as described below.

The MCCH information is transmitted repeatedly with a fixed repetition period and changes to 
the MCCH information can only occur at specific time instants. When (parts of) the MCCH informa-
tion is changed, which can only be done at the beginning of a new modification period, as shown in 
Figure 15.6, the network notifies the terminals about the upcoming MCCH information change in the 
preceding MCCH modification period. The notification mechanism uses the PDCCH for this purpose. 
An eight-bit bitmap, where each bit represents a certain MBSFN area, is transmitted on the PDCCH 
in an MBSFN subframe using DCI format 1C and a reserved identifier, the M-RNTI. The notification 
bitmap is only transmitted when there are any changes in the services provided (in release 10, noti-
fication is also used to indicate a counting request in an MBSFN area) and follows the modification 
period described above.

The purpose of the concept of notification indicators and modification periods is to maximize the 
amount of time the terminal may sleep to save battery power. In the absence of any changes to the 
MCCH information, a terminal currently not receiving MBMS may enter DRX and only wake up 
when the notification indicator is transmitted. As a PDCCH in an MBSFN subframe spans at most 
two OFDM symbols, the duration during which the terminal needs to wake up to check for noti-
fications is very short, translating to a high degree of power saving. Repeatedly transmitting the 
MCCH is useful to support mobility; a terminal entering a new area or a terminal missing the first 
transmission does not have to wait until the start of a new modification period to receive the MCCH 
information.

MCCH modification period

MCCH repetition period

Notification is transmitted in this period… …and the updated MCCH information is transmitted in this period.

FIGURE 15.6

MCCH transmission schedule.
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Relaying 16
CHAPTER

The possibility of a terminal communicating with the network, and the data rate that can be used, 
depends on several factors, the path loss between the terminal and the base station being one. The link 
performance of LTE is already quite close to the Shannon limit and from a pure link-budget perspective, 
the highest data rates supported by LTE require a relatively high signal-to-noise ratio. Unless the link 
budget can be improved, for example with different types of beam-forming solutions, a denser infra-
structure is required to reduce the terminal-to-base-station distance and thereby improve the link budget.

A denser infrastructure is mainly a deployment aspect, but in later releases of LTE, various tools 
enhancing the support for low-power base stations are included. One of these tools is relaying, 
which can be used to reduce the distance between the terminal and the infrastructure, resulting in 
an improved link budget and an increased possibility for high data rates. In principle this reduction 
in terminal-to-infrastructure distance could be achieved by deploying traditional base stations with 
a wired connection to the rest of the network. However, relays with a shorter deployment time can 
often be an attractive alternative, as there is no need to deploy a specific backhaul.

A wide range of relay types can be envisioned, some of which could already be deployed in 
release 8.

Amplify-and-forward relays, commonly referred to as repeaters, simply amplify and forward the 
received analog signals and are, on some markets, relatively common as a tool for handling coverage 
holes. Traditionally, once installed, repeaters continuously forward the received signal regardless of 
whether there is a terminal in their coverage area or not, although more advanced repeaters can be 
considered as well. Repeaters are transparent to both the terminal and the base station and can there-
fore be introduced in existing networks. The fact that the basic principle of a repeater is to amplify 
whatever it receives, including noise and interference as well as the useful signal, implies that repeat-
ers are mainly useful in high-SNR environments. Expressed differently, the SNR at the output of the 
repeater can never be higher than at the input.

Decode-and-forward relays decode and re-encode the received signal prior to forwarding it to the 
served users. The decode-and-re-encode process results in this class of relays not amplifying noise 
and interference, as is the case with repeaters. They are therefore also useful in low-SNR environ-
ments. Furthermore, independent rate adaptation and scheduling for the base station–relay and relay–
terminal links is possible. However, the decode-and-re-encode operation implies a larger delay than 
for an amplify-and-forward repeater, longer than the LTE subframe duration of 1 ms. As for repeaters, 
many different options exist depending on supported features (support of more than two hops, support 
for mesh structures, etc) and, depending on the details of those features, a decode-and-forward relay 
may or may not be transparent to the terminal.
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16.1  RELAYS IN LTE
LTE release 10 introduces support for a decode-and-forward relaying scheme (repeaters require no 
additional standardization support other than RF requirements and are available already in release 8).  
A basic requirement in the development of LTE relaying solutions was that the relay should be transpar-
ent to the terminal – that is, the terminal should not be aware of whether it is connected to a relay or to 
a conventional base station. This ensures that release-8/9 terminals can also be served by relays, despite 
relays being introduced in release 10. Therefore, so-called self-backhauling was taken as the basis for 
the LTE relaying solution. In essence, from a logical perspective, a relay is an eNodeB wirelessly con-
nected to the rest of the radio-access network by using the LTE radio interface. It is important to note 
that, even though the relay from a terminal perspective is identical to an eNodeB, the physical imple-
mentation may differ significantly, from a traditional base station, for example in terms of output power.

In conjunction with relaying, the terms backhaul link and access link are often used to refer to 
the base station–relay connection and the relay–terminal connection respectively. The cell to which 
the relay is connected using the backhaul link is known as the donor cell and the donor cell may, in 
addition to one or several relays, also serve terminals not connected via a relay. This is illustrated in 
Figure 16.1.

Since the relay communicates both with the donor cell and terminals served by the relay, interfer-
ence between the access and backhaul links must be avoided. Otherwise, since the power difference 
between access-link transmissions and backhaul-link reception at the relay can easily be more than 
100 dB, the possibility of receiving the backhaul link may be completely ruined. Similarly, transmis-
sions on the backhaul link may cause significant interference to the reception of the access link. These 
two cases are illustrated in Figure 16.2. Therefore, isolation between the access and backhaul links is 
required, isolation that can be obtained in one or several of the frequency, time, and/or spatial domains.

Depending on the spectrum used for access and backhaul links, relaying can be classified into out-
band and inband types.

Outband relaying implies that the backhaul operates in a spectrum separate from that of the access 
link, using the same radio interface as the access link. Provided that the frequency separation between 
the backhaul and access links is sufficiently large, interference between the backhaul and access links 
can be avoided and the necessary isolation is obtained in the frequency domain. Consequently, no 
enhancements to the release-8 radio interface are needed to operate an outband relay. There are no 

(Donor) base station
Relay cell

Donor cell

Backhaul link

Access link

FIGURE 16.1

Access and backhaul links.
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restrictions on the activity on the access and backhaul links and the relay can in principle operate with 
full duplex.

Inband relaying implies that the backhaul and access links operate in the same spectrum. 
Depending on the deployment and operation of the relay, this may, as the access and backhaul link 
share the same spectrum, require additional mechanisms to avoid interference between the access and 
backhaul links. Unless this interference can be handled by proper antenna arrangements, for example 
with the relay deployed in a tunnel with the backhaul antenna placed outside the tunnel, a mechanism 
to separate activity on the access and backhaul links in the time domain is required. Such a mecha-
nism was introduced as part of release 10 and will be described in more detail in the following. Since 
the backhaul and access links are separated in the time domain, there is a dependency on the trans-
mission activity and the two links cannot operate simultaneously.

16.2  OVERALL ARCHITECTURE
From an architectural perspective, a relay can, on a high level, be thought of as having a “base-station 
side” and a “terminal side”. Towards terminals, it behaves as a conventional eNodeB using the access 
link, and a terminal is not aware of whether it is communicating with a relay or a “traditional” base 
station. Relays are therefore transparent for the terminals and terminals from the first LTE release, 
release 8, can also benefit from relays. This is important from an operator’s perspective, as it allows a 
gradual introduction of relays without affecting the existing terminal fleet.

Towards the donor cell, a relay initially operates as a terminal, using the LTE radio interface to 
connect to the donor cell. Once connection is established and the relay is configured, the relay uses a 
subset of the “terminal side” functionality for communication on the backhaul link. In this phase, the 
relay-specific enhancements described in this chapter may be used for the backhaul.

In release 10, the focus is on two-hop relaying and scenarios with a relay connected to the net-
work via another relay are not considered. Furthermore, relays are stationary – that is, handover of 
a relay from one donor cell to another donor cell is not supported. The case for using mobile relays 
is not yet clear and therefore it was decided in release 10 not to undertake the relatively large task of 
adapting existing core-network procedures to handle cells that are moving over time, something that 
could have been a consequence of a mobile relay.

The overall LTE relaying architecture is illustrated in Figure 16.3. One key aspect of the architec-
ture is that the donor eNodeB acts as a proxy between the core network and the relay. From a relay 
perspective, is appears as if it is connected directly to the core network as the donor eNodeB appears 

Access-to-backhaul interference Backhaul-to-access interference

FIGURE 16.2

Interference between access and backhaul links.
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as an MME for the S1 interface and an eNodeB for X2 towards the relay. From a core-network per-
spective, on the other hand, the relay cells appear as if they belong to the donor eNodeB. It is the task 
of the proxy in the donor eNodeB to connect these two views. The use of a proxy is motivated by the 
desire to minimize the impact to the core network from the introduction of relays, as well as to allow 
for features such as tight coordination of radio-resource management between the donor eNodeB and 
the relay.

16.3  BACKHAUL DESIGN FOR INBAND RELAYING
In the case of inband relaying, the backhaul and access links operate in the same spectrum. As dis-
cussed in the previous section, a mechanism to separate activity on the access and backhaul links in 
the time domain is required unless sufficient isolation between the two links can be achieved in other 
ways, for example through appropriate antenna arrangements. Such a mechanism should ensure that 
the relay is not transmitting on the access link at the same time as it is receiving on the backhaul link 
(and vice versa).

An obvious way to handle this is to “blank” some subframes on the access link to provide the 
relay with the possibility to communicate with the donor eNodeB on the backhaul link. In the uplink, 
the scheduler in the relay can in principle schedule such that there is no access-link activity in certain 
subframes. These subframes can then be used for uplink transmissions on the backhaul link as the 
relay does not need to receive anything on the access link in these subframes. However, blanking 
subframes on the access downlink is not possible. Although a release-10 terminal in principle could 
have been designed to cope with blank subframes, terminals from earlier releases expect at least cell-
specific reference signals to be present in all downlink subframes. Hence, to preserve the possibility 
of also serving release-8/9 terminals, which was an important requirement during standardization of 
release 10, the design of the backhaul link must be based on the assumption that the access link can 
operate with release-8 functionality only.

MME/
S-GW

X2

S1 S1

Core Network

X2 S1

MME/
S-GW

MME/
S-GW

Proxy 
functionality

MME/GW view 
of “lower” nodes

Relay view of 
“upper” nodes

FIGURE 16.3

LTE relaying architecture.
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Fortunately, already from the first release LTE included the possibility of configuring MBSFN 
subframes (see Chapter 9). In an MBSFN subframe, terminals expect cell-specific reference signals 
and (possibly) L1/L2 control signaling to be transmitted only in the first one or two OFDM symbols, 
while the remaining part of the subframe can be empty. By configuring some of the access-link sub-
frames as MBSFN subframes, the relay can stop transmitting in the latter part of these subframes and 
receive transmissions from the donor cell. As seen in Figure 16.4, the gap during which the relay can 
receive transmissions from the donor cell is shorter than the full subframe duration. In particular, as 
the first OFDM symbols in the subframe are unavailable for reception of donor-cell transmissions, 
L1/L2 control signaling from the donor to the relay cannot be transmitted using the regular PDCCH. 
Instead, a relay-specific control channel, the R-PDCCH, is introduced in release 10.

Not only are transmission gaps in the access downlink required in order to receive transmissions 
from the donor cell, but also reception gaps in the access link are needed in order to transmit on the 
backhaul from the relay to the donor cell. As already mentioned, such gaps can be created through 
proper scheduling of uplink transmissions.

The detailed specifications of the physical-layer enhancements introduced in release 10 to support 
the backhaul can be found in [75].

16.3.1  Access-Link Hybrid-ARQ Operation
The access-link gaps discussed above, MBSFN subframes in the downlink and scheduling gaps in the 
uplink, used in order to be able to receive and transmit respectively on the backhaul link, affect the 
hybrid-ARQ operation. Note that hybrid ARQ is used on both the access and backhaul links. Since 
compatibility with release 8 was a fundamental requirement in the development of the LTE relaying 
solution, there are no changes to access-link hybrid-ARQ operation.

For uplink transmissions on PUSCH, hybrid-ARQ acknowledgements are transmitted on PHICH. 
Since the PHICH can be transmitted by the relay even in MBSFN subframes, the operation is identi-
cal to that in earlier releases of the LTE standard. However, although the hybrid-ARQ acknowledge-
ment can be received, the subframe where the retransmission should take place (8 ms after the initial 
transmission for FDD, configuration dependent for TDD) may be used by the backhaul link and not 
be available for the access link. In that case the corresponding uplink hybrid-ARQ process needs to 
be suspended by transmitting a positive acknowledgement on the PHICH, irrespective of the outcome 
of the decoding. By using PDCCH, a retransmission can instead be requested in a later subframe 
available for the same hybrid-ARQ process, as described in Chapter 12. The hybrid-ARQ round-trip 
time will be larger in those cases (for example, 16 ms instead of 8 ms for FDD).

Relay-to-donor transmission1 ms subframe

No UE-to-RN 
transmission

MBSFN subframe

No RN-to-UE 
transmission

Donor-to-relay transmission
1 ms subframe

Ctrl 
region

FIGURE 16.4

Multiplexing between access and backhaul links.
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Downlink transmissions on PDSCH trigger hybrid-ARQ acknowledgements to be sent on 
PUCCH and, for proper operation, the relay should be able to receive those acknowledgements. The 
possibility to receive PUCCH on the access link depends on the backhaul operation, more specifically 
on the allocation of subframes for backhaul communication.

In FDD, backhaul subframes are configured such that an uplink subframe occurs 4 ms after a 
downlink subframe. This is chosen to match the access-link hybrid-ARQ timing relations, where an 
uplink subframe follows 4 ms after a downlink subframe As the relay cannot transmit on the access 
link simultaneously with the backhaul link, there is no access-link transmission in subframe n and, 
consequently, no hybrid-ARQ transmission in subframe n  4. Hence, the inability to receive access-
link hybrid-ARQ acknowledgements in some subframes is of no concern as the corresponding down-
link subframes cannot be used for access-link transmission anyway. Downlink retransmissions are 
not an issue as they are asynchronous and can be scheduled in any suitable downlink subframe on the 
access link.

In TDD, the relay node may not be able to receive hybrid-ARQ feedback on PUCCH in uplink 
subframes used for transmission on the backhaul link. One possibility is to restrict the downlink 
scheduler such that no terminals transmit PUCCH in uplink subframes the relay cannot receive. 
However, such a restriction may be too limiting. Alternatively, the relay can schedule without restric-
tions in the downlink and ignore the hybrid-ARQ acknowledgement. Retransmissions can then either 
be handled blindly – that is, the relay has to make an educated “guess” on whether a retransmission 
is required based on, for example, CSI feedback – or RLC retransmissions are used to handle missing 
packets. Another possibility is to configure repetition of the hybrid-ARQ acknowledgements such that 
at least some of the repeated acknowledgements are receivable by the relay.

16.3.2  Backhaul-Link Hybrid-ARQ Operation
For the backhaul link, the underlying principle in the design is to maintain the same timing relations 
as in release 8 for scheduling grants and hybrid-ARQ acknowledgements. As the donor cell may 
schedule both relays and terminals, such a principle simplifies the scheduling implementation, as 
scheduling and retransmission decisions for terminals and relays are taken at the same point in time. 
It also simplifies the overall structure, as release-8 solutions can be reused for the relay backhaul 
design.

For FDD, the subframes configured for downlink backhaul transmission therefore follow a period 
of 8 ms in order to match the hybrid-ARQ round-trip time to the extent possible. This also ensures 
that the PUCCH can be received in the access link, as discussed in the previous section. However, as 
the possible configurations of MBSFN subframes have an inherent 10 ms structure while the hybrid-
ARQ timing follows an 8 ms periodicity, there is an inherent mismatch between the two. Hence, as 
illustrated in Figure 16.5, some backhaul subframes may be spaced 16 ms apart, as subframes 0, 4, 5, 
and 9 cannot be configured as MBSFN subframes (see Chapter 9). Uplink backhaul subframes follow 
4 ms after a downlink backhaul subframe, following the principle discussed in the previous paragraph.

For TDD, there is an inherent 10 ms component in the hybrid-ARQ timing relations, which 
matches the 10 ms MBSFN structure and makes it possible to keep a regular spacing of the backhaul 
transmission attempts. Subframes 0, 1, 5, and 6 cannot be configured as MBSFN subframes. Hence, 
TDD configuration 0, where subframes 0 and 5 are the only downlink subframes, cannot be used in a 
relay cell since this configuration does not support any MBSFN subframes. For configuration 5, there 
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is only a single uplink subframe and in order to support both the backhaul and access links at least 
two uplink subframes are needed. Therefore, of the seven TDD configurations supported in LTE, only 
configurations 1, 2, 3, 4, and 6 are supported in relay cells. For each TDD configuration, one or sev-
eral backhaul configurations are supported, as shown in Table 16.1.

The underlying timing principles for hybrid-ARQ acknowledgements and uplink scheduling 
grants are, as mentioned above, to keep the same principles as for the access link. However, obviously 
backhaul transmissions may occur in backhaul subframes only. Therefore, for TDD, the acknowl-
edgement of a transport block on the backhaul link in subframe n is transmitted in subframe n  k, 
where k  4 and is selected such that n  k is an uplink backhaul subframe if the acknowledgement 
is to be transmitted from the relay and a downlink backhaul subframe if the acknowledgement is 
transmitted from the eNodeB.

The numbering of uplink hybrid-ARQ processes on the backhaul link is similar to the TDD num-
bering on the access link, where uplink hybrid-ARQ process numbers are assigned sequentially to 
the available backhaul occasions as shown in Figure 16.6, taking into account the same processing 
times as for the access link (see Chapter 12). This is in contrast to the FDD access link, where the 
uplink hybrid-ARQ process number can be directly derived from the subframe number. The reason 
for adopting a somewhat different strategy is to minimize the maximum hybrid-ARQ round-trip time. 
Due to the fact that a pure 8 ms periodicity does not always match the MBSFN allocation, the actual 
uplink round-trip time, unlike the FDD access link, is not constant but, similar to the TDD access 
link, is dependent on the subframe number.

16.3.3  Backhaul Downlink Control Signaling
The gap during which the relay can receive transmissions from the donor cell is, as seen in Figure 
16.4, shorter than the full subframe duration. In particular, as the first OFDM symbols in the sub-
frame are unavailable for reception of transmissions from the donor cell, L1/L2 control signaling 
from the donor to the relay cannot be transmitted using the regular PDCCH.1 Instead, a relay-specific 
control channel, the R-PDCCH, is introduced in release 10.

M M M M

Not possible to configure
as MBSFN subframe

Not used for backhaul uplink as there
is no downlink 4ms earlier.

Backhaul uplinkBackhaul downlink

Access uplinkNo access downlink –
MBSFN subframe

Access downlink No access uplink –
scheduling restriction

FIGURE 16.5

Example of backhaul configuration for FDD.

1 In principle, the PDCCH could be received if the subframe structures of the access and backhaul links are offset by two to 
three OFDM symbols, but with the drawback that relay and donor cells would not be time aligned, which is beneficial, for 
example, in heterogeneous deployments.
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0 0 1 01 1 0 1

0 0 0 1 01 1 1

RTT = 8 ms RTT = 10 ms RTT = 14 ms
RTT = 8 ms RTT = 14 ms RTT = 10 ms

FIGURE 16.6

Example of hybrid-ARQ process numbering for FDD.

The R-PDCCH carries downlink scheduling assignments and uplink scheduling grants, using the 
same DCI formats as for the PDCCH. However, there is no support for power control commands 
using DCI formats 3/3A. The main function of DCI formats 3/3A is to support semi-persistent sched-
uling, a feature mainly targeting overhead reduction for low-rate services and not supported for the 
backhaul link.

Table 16.1  Supported Backhaul Configurations for TDD

Backhaul 
Subframe 
Configuration

Uplink–
Downlink  
Configuration 
in Relay Cell

Backhaul  
DL:UL  
 Ratio

Subframe Number

0 1 2 3 4 5 6 7 8 9

  0 1 1:1 D U

  1 U D

  2 2:1 D U D

  3 U D D

  4 2:2 U D U D

  5 2 1:1 U D

  6 D U

  7 2:1 U D D

  8 D U D

  9 U D D D

10 3:1 D U D D

11 3 2:1 U D D

12 3:1 U D D D

13 1:1 U D

14 2:1 U D D

15 4 U D D

16 3:1 U D D D

17 4:1 U D D D D

18 6 1:1 U D
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In the time domain, the R-PDCCH is, as already mentioned, received in the “MBSFN region” of 
the subframe, while in the frequency domain, transmission of the R-PDCCH occurs in a set of semi-
statically allocated resource blocks. From a latency perspective it is beneficial to locate transmissions 
of downlink scheduling assignments as early as possible in the subframe. As discussed in Chapter 10, 
this was the main motivation for dividing normal subframes into a control region and a data region. 
In principle, a similar approach could be taken for the R-PDCCH, namely dividing the set of resource 
blocks used for R-PDCCH transmission into a control part and a data part. However, as it is not pos-
sible to exploit fractions of a subframe for transmission of PDSCH to terminals connected directly to 
the donor cell, transmission of a single R-PDCCH could block usage of a relatively large number of 
resource blocks. From an overhead and scheduling flexibility perspective, a structure where the fre-
quency span of the R-PDCCH is minimized (while still providing sufficient diversity) and resources 
are allocated mainly in the time dimension is preferable. In the release-10 design of the R-PDCCH, 
these seemingly contradicting requirements have been addressed through a structure where downlink 
assignments are located in the first slot and uplink grants, which are less time critical, in the sec-
ond slot of a subframe (see Figure 16.7). This structure allows the time-critical downlink assignments 
to be decoded early. To handle the case when there is no uplink grant to transmit to the relay, the 
R-PDCCH resources in the second slot may be used for PDSCH transmission to the same relay.

Coding, scrambling, and modulation for the R-PDCCH follows the same principles as for the 
PDCCH (see Chapter 10), with the same set of aggregation levels supported (one, two, four, and eight 
CCEs). However, the mapping of the R-PDCCH to time–frequency resources is, for obvious reasons, 
different. Two different mapping methods, illustrated in Figure 16.8, are supported:

l	 Without cross-PDCCH interleaving
l	 With cross-PDCCH interleaving.

Without cross-interleaving, one R-PDCCH is mapped to one set of virtual resource blocks, 
where the number of resource blocks (one, two, four, or eight) depends on the aggregation level. No 
other R-PDCCHs are transmitted using the same set of resource blocks. If the resource blocks are 
located sufficiently apart in the frequency domain, frequency diversity can be obtained, at least for 
the higher aggregation levels. Non-interleaved mapping is, for example, useful for beam-forming of 
the backhaul transmissions or when applying frequency-selective scheduling to the R-PDCCH. Either 

Second slotFirst slot

PDCCH,
PCFICH,
PHICH

R-PDCCH
downlink assignment

R-PDCCH
uplink grant

PDSCH
donor-to-relay data

FIGURE 16.7

Example of R-PDCCH transmission.
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cell-specific reference signals (CRS) or demodulation reference signals (DM-RS) can be used for 
demodulation.

Cross-interleaved mapping is similar to the strategy used for the PDCCH and reuses most of the 
PDCCH processing structures except for the mapping to resource elements. A set of R-PDCCHs is 
multiplexed together, interleaved, and mapped to a set of resource blocks allocated for R-PDCCH 
transmission. Obviously, as transmissions to multiple relays may share the same set of resource 
blocks, cell-specific reference signals are the only possibility for demodulation. The motivation for 
this mapping method is to obtain frequency diversity also for the lowest aggregation level. However, 
it also comes at the cost of blocking additional resource blocks from PDSCH transmission as, even at 
low aggregation levels, several resource blocks in the frequency domain are used for the R-PDCCH.

For both mapping cases, cross-interleaved as well as non-cross-interleaved, a set of candidate 
R-PDCCHs is monitored by the relay node. The set of resource blocks upon which the relay moni-
tors for R-PDCCH transmission is configurable by the donor cell by signaling a set of virtual resource 
blocks using resource allocation type 0, 1, or 2 (see Chapter 10 for a discussion on resource alloca-
tion types). The sets may or may not overlap across multiple relay nodes. In the subframes used for 
backhaul reception, the relay attempts to receive and decode each of the R-PDCCHs candidates as 
illustrated in Figure 16.9 and, if valid downlink control information is found, applies this information 
to downlink reception or uplink transmission. This approach is in essence similar to the blind decod-
ing procedure used in the terminals, although there are some differences. First, there are no common 
search spaces for the relays as there is no need to receive broadcast information. Any information 
necessary for relay operation is transmitted using dedicated signaling. Secondly, the search spaces for 
the non-interleaved mapping are not time varying as in terminals, but remain static in time.

The number of blind decoding attempts is the same as for a terminal – that is, six, six, two, and 
two attempts for aggregation levels one, two, four, and eight respectively. However, note that an 
R-PDCCH can be transmitted in either the first or second slot. Hence, the total number of decoding 
attempts performed by a relay is 64.2

No PHICH channel is defined for the backhaul. The main reason for the PHICH in release 8 was 
efficient support of non-adaptive retransmissions for delay-sensitive low-rate applications such as 
voice-over IP. The backhaul from a relay, on the other hand, typically uses a higher data rate as mul-
tiple terminals are served by the relay. Hence, as control signaling overhead is less of an issue, the 

Non-interleaved R-PDCCHs Cross-interleaved R-PDCCHs

FIGURE 16.8

R-PDCCH mapping types: no cross-interleaving (left) and cross-interleaving (right).

2 Two slots and two DCI formats per transmission mode results in 2 ? 2 ? (6  6  2  2)  64.
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PHICH was omitted from the backhaul in order to simplify the overall design. Retransmissions are 
still supported through the use of the R-PDCCH.

16.3.4  Reference Signals for the Backhaul Link
Backhaul reception at the relay can use cell-specific reference signals (CRS) or demodulation 
reference signals (DM-RS), described in Chapter 10. Different reference-signal types can be 
used for R-PDCCH and PDSCH, but if the R-PDCCH is received using demodulation reference 
signals, then demodulation reference signals should be used for PDSCH as well. This is a rea-
sonable restriction as DM-RS for R-PDCCH is motivated by beam-forming. If beam-forming is 
used for the R-PDCCH there is no incentive not to use beam-forming also for the PDSCH. The 
opposite scenario, CRS for R-PDCCH and DM-RS for the PDSCH, does make sense though. 
One example is interleaved mapping of the control signaling, where multiple R-PDCCHs are 
multiplexed and individual beam-forming cannot be used, together with beam-forming of the 
PDSCH. The different combinations of reference signals supported for the backhaul link are 
summarized in Table 16.2.

Deinterleaver
(cross-interleaved R-PDCCHs only)

Decoding, descrambling, etc

Resource blocks monitored by a relay node

Search spaces

level 1
level 2
level 4

Candidates monitored

DCI found!

FIGURE 16.9

Illustration of the principle of R-PDCCH monitoring.
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Note also that in the case of (global) time alignment between the donor and relay cell, the last 
OFDM symbol cannot be received by the relay as it is needed for reception-transmission switching. 
Hence, the demodulation reference signals on the last OFDM symbols in the subframe cannot be 
received. For transmission ranks up to 4 this is not a problem, as the necessary reference signals are 
also available earlier in the subframe. However, for spatial multiplexing with five or more layers, the 
first set of reference signals in the subframe is used for the lower layers while the second set of refer-
ence signals, located at the end of the subframe and that cannot be received, is used for the higher 
layers. This implies that reference signals for rank 5 and higher cannot be received by the relay, and 
backhaul transmissions are therefore restricted to at most four-layer spatial multiplexing, irrespective 
of the timing relation used.

16.3.5  Backhaul–Access Link Timing
To ensure that the relay is able to receive transmissions from the donor cell, some form of timing 
relation between the downlink transmissions in the donor and relay cells must be defined, including 
any guard time needed to allow the relay to switch between access-link transmission to backhaul-link 
reception and vice versa.

A natural choice for the timing of the access link is to synchronize it to the frame timing of the 
backhaul link as observed by the relay. From this backhaul downlink timing reference, the timing of 
the access-link transmission is derived as shown at the bottom of Figure 16.10. The backhaul uplink 
timing is subject to the normal timing advance controlled by the donor cell, ensuring that the back-
haul uplink transmissions are time aligned with other uplink transmissions received by the donor base 
station.

In the backhaul downlink, the first OFDM symbol in the data region is left unused to provide 
the guard time for relay switching, and a small time offset is used to distribute the guard between 
Tx–Rx and Rx–Tx switching at the relay. This case is shown at the bottom of Figure 16.11. Locating 
the guard symbol at the beginning of the data region instead of at the end is beneficial as the guard 
symbol is needed at the relay side only and can therefore still be used for transmission of PDCCHs to 
terminals in the donor cell. In principle, the guard time comes “for free” from a donor cell perspec-
tive and the freedom in shifting the relay node frame timing relative to the donor cell timing is used to 
move the “free” guard period to where it is needed.

The backhaul uplink is subject to the normal timing advance controlled by the donor cell, ensur-
ing that the backhaul uplink transmissions are time aligned with other uplink transmissions received 
by the donor base station. Similarly to the guard time needed to switch from access-link transmission 
to backhaul-link reception, which influenced the downlink timing relation between the access and 

Table 16.2  Combinations of Reference Signals and R-PDCCH Mapping Schemes

Reference Signal Type Used For Demodulation Of R-PDCCH Mapping Scheme

R-PDCCH PDSCH
CRS CRS Cross-interleaved or non-cross-interleaved

CRS DM-RS Cross-interleaved or non-cross-interleaved

DM-RS DM-RS Non-cross-interleaved
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backhaul links, there may also be the need for a guard time in the uplink direction to switch from 
access-link reception to backhaul-link transmission. However, unlike the downlink case, how to han-
dle this is not standardized but left for implementation, noting that functionality already present in 
release 8 is sufficient for providing the necessary guard time.

In principle, if the relay could switch from access-link reception to backhaul-link transmission 
within the cyclic prefix, no provisions for additional switching time would be necessary. However, 
the switching time is implementation dependent and typically larger than the cyclic prefix. For larger 
switching times, one possibility is to use the shortened transmission format on the access link, origi-
nally intended for sounding, as shown in the top part of Figure 16.10. By configuring all the terminals 
in the relay cell to reserve the last OFDM symbol of the preceding subframe for sounding-reference 
signals but not to transmit any sounding-reference signals, a guard period of one OFDM symbol is 
created. This guard time can then be divided into Rx–Tx and Tx–Rx switching times through a time 
offset between the frame timing of the backhaul and access links.

For some deployments, it is desirable to align the access-link transmission timing of the relay 
with the transmission timing of the donor cell – that is, to use a global timing reference for all the 
cells. One example hereof is TDD. In such deployments, the necessary guard times are obtained in a 
slightly different manner compared to the case of using reception timing of the backhaul downlink. 
In this case it is obviously not possible to obtain the necessary guard time by shifting the subframe 
timing at the relay. Hence, the guard time for switching from backhaul-link reception to access-link 

1 ms subframe

TRx-Tx TTx-Rx

Backhaul uplink

Access uplink

1 ms subframe

Unused sounding
symbol

No access link activity
in this subframe

Backhaul link
transmission

Access link
reception

Tp+∆

MBSFN subframe

No UE-to-RN 
transmission

Backhaul downlink

Access downlink

OFDM symbol used as guard for the backhaul

Access link transmission

FIGURE 16.10

Backhaul timing relations when the relay cell timing is derived from the backhaul timing.
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transmission will also be visible at the donor cell, as the last OFDM symbol in the resource blocks 
used for the backhaul transmission cannot be used for other transmissions in the relay cell. If the 
time for Tx–Rx switching is longer than the donor-cell-to-relay-node propagation delay, then the first 
OFDM symbol has to be left unused as well. This case is shown in the bottom part of Figure 16.11.

In the backhaul uplink, the guard time necessary, similar to the previous timing case, is obtained 
through configuration of (unused) sounding instances. However, unlike the previous case, sounding 
is configured in the backhaul link, as shown at the top of Figure 16.11. Note that this implies that 
sounding cannot be used for the backhaul link as the OFDM symbol intended as a sounding-reference 
symbol is used as guard time.

In the case of TDD operation, guard time for the access–backhaul switch can, in addition to the 
methods discussed above, be obtained from the guard period required for TDD operation itself. This 
is shown in Figure 16.12 and is a matter of using the appropriate settings of timing advance and 
timing offsets.

Backhaul downlink transmissions consist of data transmitted on the PDSCH and L1/L2 control 
signaling transmitted on the R-PDCCH, as already discussed. Both these types of transmission obvi-
ously must follow one of the timing scenarios discussed above. In order to allow for different imple-
mentations and deployments, the LTE specifications provide not only the possibility to configure 
which of the two access–backhaul downlink timing relations to use, but also flexibility in terms of the 
time span of the channels transmitted on the backhaul link.

TRx-Tx TTx-Rx

Backhaul uplink

Access uplink

1 ms subframe

No access link activity
in this subframe

Access link reception

Backhaul link
transmission Unused sounding symbol

1 ms subframe

MBSFN subframe

No UE-to-RN 
transmission

Tp

Backhaul downlink

Access downlink

Access link transmission

OFDM symbol used as guard for the backhaul

FIGURE 16.11

Backhaul timing relations in access-link transmission in the relay and donor cells are time synchronized.
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PDSCH transmissions intended for a relay can be semi-statically configured to start on the sec-
ond, third, or fourth OFDM symbol to cater for different control region sizes in the donor cell and 
relay cells. The PDSCH transmission ends at the last or second last OFDM symbol, depending on 
which of the two timing cases above is used.

R-PDCCH transmissions intended for a relay always start at the fourth OFDM symbol. A fixed 
starting position was chosen to simplify the overall structure. Since the amount of resource blocks 
occupied by an R-PDCCH is relatively small compared to the PDSCH, the overhead reduction possi-
ble with a configurable starting positions is small and does not justify the additional specification and 
testing complexity.
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FIGURE 16.12

Example of uplink timing relation for TDD.
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Spectrum and RF 
Characteristics 17

CHAPTER

Spectrum flexibility is, as mentioned in Chapter 7, a key feature of LTE radio access and is set out 
in the LTE design targets [10]. It consists of several components, including deployment in different-
sized spectrum allocations and deployment in diverse frequency ranges, both in paired and unpaired 
frequency bands.

There are a number of frequency bands identified for mobile use and specifically for IMT today. 
Most of these bands were already defined for operation with WCDMA/HSPA, and LTE is the next 
technology to be deployed in those bands. Both paired and unpaired bands are included in the LTE 
specifications. The additional challenge with LTE operation in some bands is the possibility of using 
channel bandwidths up to 20 MHz with a single carrier and even beyond that with aggregated carriers.

The use of OFDM in LTE gives flexibility both in terms of the size of the spectrum allocation 
needed and in the instantaneous transmission bandwidth used. The OFDM physical layer also enables 
frequency-domain scheduling, as briefly discussed in Chapter 7. Beyond the physical layer implications 
described in Chapters 10 and 11, these properties also impact the RF implementation in terms of filters, 
amplifiers, and all other RF components that are used to transmit and receive the signal. This means that 
the RF requirements for the receiver and transmitter will have to be expressed with flexibility in mind.

17.1  SPECTRUM FOR LTE
LTE can be deployed both in existing IMT bands and in future bands that may be identified. The pos-
sibility of operating radio-access technology in different frequency bands is, in itself, nothing new. 
For example, quad-band GSM terminals are common, capable of operating in the 850, 900, 1800, and 
1900 MHz bands. From a radio-access functionality perspective, this has no or limited impact and the 
LTE physical-layer specifications [61–64] do not assume any specific frequency band. What may dif-
fer, in terms of specification, between different bands are mainly the more specific RF requirements, 
such as the allowed maximum transmit power, requirements/limits on out-of-band (OOB) emission, 
and so on. One reason for this is that external constraints, imposed by regulatory bodies, may differ 
between different frequency bands.

17.1.1  Spectrum Defined for IMT Systems by the ITU-R
The global designations of spectrum for different services and applications are done within the 
ITU-R. The World Administrative Radio Congress WARC-92 identified the bands 1885–2025 and 
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348 CHAPTER 17  Spectrum and RF Characteristics

2110–2200 MHz as intended for implementation of IMT-2000. Of these 230 MHz of 3 G spectrum, 
2  30 MHz were intended for the satellite component of IMT-2000 and the rest for the terrestrial 
component. Parts of the bands were used during the 1990s for deployment of 2 G cellular systems, 
especially in the Americas. The first deployment of 3 G in 2001–2002 by Japan and Europe were done 
in this band allocation, and for that reason it is often referred to as the IMT-2000 “core band”.

Additional spectrum for IMT-2000 was identified at the World Radio-communication Conference 
WRC-2000, where it was considered that an additional need for 160 MHz of spectrum for IMT-2000 
was forecasted by the ITU-R. The identification includes the bands used for 2 G mobile systems at 
806–960 and 1710–1885 MHz, and “new” 3 G spectrum in the bands at 2500–2690 MHz. The identifi-
cation of bands assigned for 2 G was also recognition of the evolution of existing 2 G mobile systems 
into 3 G. Additional spectrum was identified at WRC’07 for IMT, encompassing both IMT-2000 and 
IMT-Advanced. The bands added were 450–470, 698–806, 2300–2400, and 3400–3600 MHz, but the 
applicability of the bands varies on a regional and national basis.

The somewhat diverging arrangement between regions of the frequency bands assigned to 3 G 
means that there is not one single band that can be used for 3 G roaming worldwide. Large efforts 
have, however, been put into defining a minimum set of bands that can be used to provide roaming. In 
this way, multi-band devices can provide efficient worldwide roaming for 3 G.

17.1.2  Frequency Bands for LTE
The frequency bands where LTE will operate are in both paired and unpaired spectrum, requiring 
flexibility in the duplex arrangement. For this reason, LTE supports both FDD and TDD, as discussed 
in the previous chapters.

Release 8 of the 3GPP specifications for LTE includes 19 frequency bands for FDD and nine for 
TDD. The paired bands for FDD operation are numbered from 1 to 21 [76], as shown in Table 17.1, 
while the unpaired bands for TDD operation are numbered from 33 to 41, as shown in Table 17.2. 
Note that the frequency bands for UTRA FDD use the same numbers as the paired LTE bands, but 
are labeled with Roman numerals. All bands for LTE are summarized in Figures 17.1 and 17.2, which 
also show the corresponding frequency allocation defined by the ITU.

Some of the frequency bands are partly or fully overlapping. In most cases this is explained by 
regional differences in how the bands defined by the ITU are implemented. At the same time, a high 
degree of commonality between the bands is desired to enable global roaming. The set of bands have 
first been specified as bands for UTRA, with each band originating in global, regional, and local spec-
trum developments. The complete set of UTRA bands was then transferred to the LTE specifications 
in release 8 and additional ones have been added in later releases.

Bands 1, 33, and 34 are the same paired and unpaired bands that were defined first for UTRA in 
release 99 of the 3GPPP specifications, also called the 2 GHz “core band”. Band 2 was added later for 
operation in the US PCS1900 band and Band 3 for 3 G operation in the GSM1800 band. The unpaired 
Bands 35, 36, and 37 are also defined for the PCS1900 frequency ranges, but are not deployed any-
where today. Band 39 is an extension of the unpaired Band 33 from 20 to 40 MHz for use in China.

Band 4 was introduced as a new band for the Americas following the addition of the 3 G bands at 
WRC-2000. Its downlink overlaps completely with the downlink of Band 1, which facilitates roaming 
and eases the design of dual Band 1  4 terminals. Band 10 is an extension of Band 4 from 2  45 to 
2  60 MHz.

Petitioners' Exhibit 1003, p. 1300 
AT&T et al v. ASUS Technology & Celerity 

IPR2024-01142
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Band 9 overlaps with Band 3, but is intended only for Japan. The specifications are drafted in 
such a way that implementation of roaming dual Band 3  9 terminals is possible. The 1500 MHz 
frequency band is also identified in 3GPP for Japan as Bands 11 and 21. It is allocated globally to 
mobile service on a co-primary basis and was previously used for 2 G in Japan.

Table 17.1  Paired Frequency Bands Defined by 3GPP for LTE

Band Uplink Range (MHz) Downlink Range (MHz) Main Region(s)

  1 1920–1980 2110–2170 Europe, Asia

  2 1850–1910 1930–1990 Americas (Asia)

  3 1710–1785 1805–1880 Europe, Asia (Americas)

  4 1710–1755 2110–2155 Americas

  5 824–849 869–894 Americas

  6 830–840 875–885 Japan (only for UTRA)

  7 2500–2570 2620–2690 Europe, Asia

  8 880–915 925–960 Europe, Asia

  9 1749.9–1784.9 1844.9–1879.9 Japan

10 1710–1770 2110–2170 Americas

11 1427.9–1447.9 1475.9–1495.9 Japan

12 698–716 728–746 USA

13 777–787 746–756 USA

14 788–798 758–768 USA

17 704–716 734–746 USA

18 815–830 860–875 Japan

19 830–845 875–890 Japan

20 832–862 791–821 Europe

21 1447.9–1462.9 1495.9–1510.9 Japan

Table 17.2  Unpaired Frequency Bands Defined by 3GPP for LTE

Band Frequency Range (MHz) Main Region(s)

33 1900–1920 Europe, Asia (not Japan)

34 2010–2025 Europe, Asia

35 1850–1910 (Americas)

36 1930–1990 (Americas)

37 1910–1930 –

38 2570–2620 Europe

39 1880–1920 China

40 2300–2400 Europe, Asia

41 2496–2690 USA
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With WRC-2000, the band 2500–2690 MHz was identified for IMT-2000 and it is identified as 
Band 7 in 3GPP for FDD and Band 38 for TDD operation in the “center gap” of the FDD alloca-
tion. The band has a slightly different arrangement in North America, where a US-specific Band 41 is 
defined. Band 40 is an unpaired band specified for the new frequency range 2300–2400 MHz identi-
fied for IMT and has a widespread allocation globally.

WRC-2000 also identified the frequency range 806–960 MHz for IMT-2000, complemented by 
the frequency range 698–806 MHz in WRC’07. As shown in Figure 17.2, several bands are defined 
for FDD operation in this range. Band 8 uses the same band plan as GSM900. Bands 5, 18, and 
19 overlap, but are intended for different regions. Band 5 is based on the US cellular band, while 
Bands 18 and 19 are restricted to Japan in the specifications. 2 G systems in Japan had a very spe-
cific band plan and Bands 18 and 19 are a way of partly aligning the Japanese spectrum plan in the 
810–960 MHz range to that in other parts of the world. Note that Band 6 was originally defined in this 
frequency range for Japan, but it is not used for LTE.

Bands 12, 13, 14, and 17 make up the first set of bands defined for what is called the digital 
dividend – that is, for spectrum previously used for broadcasting. This spectrum is partly migrated 
to be used by other wireless technologies, since TV broadcasting is migrating from analog to more 
spectrum-efficient digital technologies. Another regional band for the digital dividend is Band 20 that 
is defined in Europe.
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FIGURE 17.1

Operating bands specified for LTE in 3GPP above 1 GHz and the corresponding ITU allocation.
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17.1.3  New Frequency Bands
Additional frequency bands are continuously specified for UTRA and LTE. WRC’07 identified addi-
tional frequency bands for IMT, which encompasses both IMT-2000 and IMT-Advanced. Several 
bands were defined by WRC’07 that will be available partly or fully for deployment on a global basis:

l	 450–470 MHz was identified for IMT globally. It is already allocated to mobile service globally, 
but it is only 20 MHz wide.

l	 698–806 MHz was allocated to mobile service and identified to IMT to some extent in all regions. 
Together with the band at 806–960 MHz identified at WRC-2000, it forms a wide frequency range 
from 698 to 960 MHz that is partly identified to IMT in all regions, with some variations.

l	 2300–2400 MHz was identified for IMT on a worldwide basis in all three regions.
l	 3400–3600 MHz was allocated to the mobile service on a primary basis in Europe and Asia and 

partly in some countries in the Americas. There is also satellite use in the bands today.

Additional bands for IMT are not on the agenda for WRC’12, but are likely to be treated at 
WRC’16. For the frequency ranges below 1 GHz identified at WRC-07, 3GPP has already specified 
several operating bands, as shown in Figure 17.2. The bands with the widest use are Bands 5 and 
8, while most of the other bands have limited regional use. With the identification of bands down 
to 698 MHz for IMT use and the switchover from analog to digital TV broadcasting, Bands 12, 
13, 14, and 17 are defined in the USA and Band 20 in Europe for the digital dividend. There is a  
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Operating bands specified for LTE in 3GPP below 1 GHz and the corresponding 
ITU allocation.
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recent development in the Asia-Pacific area, where a harmonized band plan is agreed [77] for the 
digital dividend at 698–806 MHz, consisting either of a 2    45 MHz paired band or a 100 MHz 
unpaired band.

Work in 3GPP is ongoing for the frequency band 3.4–3.8 GHz [78]. In Europe, a majority of 
countries already license the band at 3.4–3.6 GHz for both Fixed Wireless Access and mobile use. 
Licensing of 3.6–3.8 GHz for Wireless Access is more limited. There is a European spectrum decision 
for 3.4–3.8 GHz with “flexible usage modes” for deployment of fixed, nomadic, and mobile networks. 
Frequency arrangements considered in the decision include FDD use with 100 MHz block offset 
between paired blocks and/or TDD use. In Japan, not only 3.4–3.6 GHz but also 3.6–4.2 GHz will be 
available to terrestrial mobile services such as IMT to use after 2010. The band 3.4–3.6 GHz has also 
been licensed for wireless access in Latin America. 3GPP is specifying both LTE TDD and LTE FDD 
modes for the band.

Several Mobile Satellite Service (MSS) operators in the USA are planning to deploy an Ancillary 
Terrestrial Component (ATC) using LTE. For this purpose two new frequency bands are defined, one 
2  20 MHz band for the S-band MSS operators at 2 GHz and one 2  34 MHz band for the L-band 
MSS operators at 1.5 GHz.

The US PCS1900 band will be extended with an additional 2  5 MHz block called the G block. 
In order to accommodate the new block, work is ongoing in 3GPP to create an extended PCS1900 
band that will be 2  65 MHz, compared to the original Band 2, which is 2  60 MHz.

17.2  FLEXIBLE SPECTRUM USE
Most of the frequency bands identified above for deployment of LTE are existing IMT-2000 bands 
and some bands also have legacy systems deployed, including WCDMA/HSPA and GSM. Bands 
are also in some regions defined in a “technology neutral” manner, which means that coexistence 
between different technologies is a necessity.

The fundamental LTE requirement to operate in different frequency bands [79] does not, in itself, 
impose any specific requirements on the radio-interface design. There are, however, implications for 
the RF requirements and how those are defined, in order to support the following:

l	 Coexistence between operators in the same geographical area in the band. These other operators 
may deploy LTE or other IMT-2000 technologies, such as UMTS/HSPA or GSM/EDGE. There 
may also be non-IMT-2000 technologies. Such coexistence requirements are to a large extent 
developed within 3GPP, but there may also be regional requirements defined by regulatory bodies 
in some frequency bands.

l	 Co-location of base station equipment between operators. There are in many cases limitations to 
where base-station equipment can be deployed. Often, sites must be shared between operators or 
an operator will deploy multiple technologies in one site. This puts additional requirements on 
both base-station receivers and transmitters.

l	 Coexistence with services in adjacent frequency bands and across country borders. The use of 
the RF spectrum is regulated through complex international agreements, involving many interests. 
There will therefore be requirements for coordination between operators in different countries and 
for coexistence with services in adjacent frequency bands. Most of these are defined in different 
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regulatory bodies. Sometimes the regulators request that 3GPP includes such coexistence limits in 
the 3GPP specifications.

l	 Coexistence between operators of TDD systems in the same band is provided by inter-operator 
synchronization, in order to avoid interference between downlink and uplink transmissions of dif-
ferent operators. This means that all operators need to have the same downlink/uplink configura-
tions and frame synchronization, not in itself an RF requirement, but it is implicitly assumed in 
the 3GPP specifications. RF requirements for unsynchronized systems become very strict.

l	 Release-independent frequency-band principles. Frequency bands are defined regionally and new 
bands are added continuously. This means that every new release of 3GPP specifications will have 
new bands added. Through the “release independence” principle, it is possible to design terminals 
based on an early release of 3GPP specifications that support a frequency band added in a later release.

17.3  FLEXIBLE CHANNEL BANDWIDTH OPERATION
The frequency allocations in Figures 17.1 and 17.2 are up to 2  75 MHz, but the spectrum available 
for a single operator may be from 2  20 MHz down to 2  5 MHz for FDD and down to 1  5 MHz 
for TDD. Furthermore, the migration to LTE in frequency bands currently used for other radio-access 
technologies must often take place gradually to ensure that a sufficient amount of spectrum remains 
to support the existing users. Thus, the amount of spectrum that can initially be migrated to LTE 
can be relatively small, but may then gradually increase, as shown in Figure 17.3. The variation of 

Second step

Initial migration

Original deployment

15 MHz of spectrum

A    5 MHz LTE carrier

Complete migration

A    10 MHz LTE carrier

A    15 MHz LTE carrier

FIGURE 17.3

Example of how LTE can be migrated step-by-step into a spectrum allocation with an original 
GSM deployment.
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possible spectrum scenarios implies a requirement for spectrum flexibility for LTE in terms of the 
transmission bandwidths supported.

The spectrum flexibility requirement points out the need for LTE to be scalable in the frequency 
domain. This flexibility requirement is stated in [10] as a list of LTE spectrum allocations from 1.25 to 
20 MHz. Note that the final channel bandwidths selected differ slightly from this initial assumption.

As shown in Chapter 9, the frequency-domain structure of LTE is based on resource blocks con-
sisting of 12 subcarriers with a total bandwidth of 12  15 kHz  180 kHz. The basic radio-access 
specification including the physical-layer and protocol specifications enables transmission bandwidth 
configurations from six up to 110 resource blocks on one LTE RF carrier. This allows for channel 
bandwidths ranging from 1.4 MHz up to beyond 20 MHz in steps of 180 kHz and is fundamental to 
providing the required spectrum flexibility.

In order to limit implementation complexity, only a limited set of bandwidths are defined in the 
RF specifications. Based on the frequency bands available for LTE deployment today and in the 
future, as described above, and considering the known migration and deployment scenarios in those 
bands, a limited set of six channel bandwidths is specified. The RF requirements for the base station 
and UE are defined only for those six channel bandwidths. The channel bandwidths range from 1.4 
to 20 MHz, as shown in Table 17.3. The lower bandwidths, 1.4 and 3 MHz, are chosen specifically to 
ease migration to LTE in spectrum where CDMA2000 is operated, and also to facilitate migration of 
GSM and TD-SCDMA to LTE. The specified bandwidths target relevant scenarios in different fre-
quency bands. For this reason, the set of bandwidths available for a specific band is not necessarily 
the same as in other bands. At a later stage, if new frequency bands are made available that have other 
spectrum scenarios requiring additional channel bandwidths, the corresponding RF parameters and 
requirements can be added in the RF specifications, without actually having to update the physical-
layer specifications. The process of adding new channel bandwidths in this way is similar to adding 
new frequency bands.

Figure 17.4 illustrates in principle the relationship between the channel bandwidth and the number 
of resource blocks NRB for one RF carrier. Note that for all channel bandwidths except 1.4 MHz, the 
resource blocks in the transmission bandwidth configuration fill up 90% of the channel bandwidth. 
The spectrum emissions shown in Figure 17.4 are for a pure OFDM signal, while the actual trans-
mitted emissions will also depend on the transmitter RF chain and other components. The emissions 
outside the channel bandwidth are called unwanted emissions and the requirements for those are dis-
cussed further below.

Table 17.3  Channel Bandwidths Specified in LTE

Channel Bandwidth,  
BWchannel (MHz)

Number of Resource  
Blocks (NRB)

  1.4     6

  3   15

  5   25

10   50

15   75

20 100
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17.4  CARRIER AGGREGATION FOR LTE
The possibility in release 10 to aggregate two or more component carriers in order to support wider 
transmission bandwidths has several implications for the RF characteristics. The impact for the base sta-
tion and UE RF characteristics are also quite different. Release 10 has some restrictions on carrier aggre-
gation in the RF specification, compared to what has been specified for physical layer and signaling.

There is, from an RF point of view, a substantial difference between the two types of Carrier 
Aggregation (CA) defined for LTE (see also Section 7.3.1 for more details):

l	 Intra-Band Carrier Aggregation implies that two or more carriers within the same operating band 
are aggregated (see also the first two examples in Figure 7.4). RF requirements are restricted in 
release 10 to contiguous intra-band aggregation and a maximum of two carriers. Since aggregated 
carriers from an RF perspective have similar RF properties as a corresponding wider carrier being 
transmitted and received, there are many implications for the RF requirements. This is especially 
true for the UE. For the base station, it corresponds in practice to a multicarrier configuration 
(non-aggregated) already supported in earlier releases, which also means that the impact is less 
than for the UE.

l	 Inter-Band Carrier Aggregation implies that carriers in different operating bands are aggregated 
(see also the last example in Figure 7.4). Many RF properties within a band can, to a large extent, 
remain the same as for a single carrier case. There is, however, impact for the UE, due to the pos-
sibility for intermodulation and cross-modulation within the UE device when multiple transmitter 
and receiver chains are operated simultaneously. For the base station it has very little impact, since 
in practice it corresponds to a base station supporting multiple bands, which is a configuration not 
really treated in RF specifications.

f

Transmission Bandwidth Configuration NRB
(Number of Resource Blocks)

Channel Bandwidth BWChannel (MHz)

RF Carrier centre

Spectrum
emissions

FIGURE 17.4

The channel bandwidth for one RF carrier and the corresponding transmission 
bandwidth configuration.
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Intra-band carrier aggregation is limited to two component carriers and to one paired band (Band 
1) and one unpaired (Band 40) band in release 10. Inter-band carrier aggregation is limited to the 
generic case of aggregating carriers between Bands 1 and 5. The next band pair for which a carrier 
aggregation capability is specified is a “European” scenario for Bands 3 and 7, which is planned for 
later inclusion in release 10. The band or set of bands over which carriers are aggregated is defined as 
a UE capability called E-UTRA CA Band. For the base station the band or set of bands defines what is 
called a Carrier Aggregation Configuration for the base station.

For intra-band carrier aggregation, the definitions of BWchannel and NRB shown in Figure 17.4 
still apply for each component carrier, while new definitions are needed for the Aggregated Channel 
Bandwidth (BWChannel_CA) and the Aggregated Transmission bandwidth Configuration (NRB,agg) shown in 
Figure 17.5. In connection with this, a new capability is defined for the UE called Carrier Aggregation 
Bandwidth Class. There are six classes, where each class corresponds to a range for NRB,agg and a maxi-
mum number of component carriers, as shown in Table 17.4. The classes corresponding to aggregation of 
more than two component carriers or consisting of more than 200 RBs are under study for later releases.

A fundamental parameter for intra-band CA is the channel spacing. A tighter channel spacing 
than the nominal spacing for any two single carriers could potentially lead to an increase in spectral 
efficiency, since there would be a smaller unused “gap” between carriers. On the other hand, there is 
also a requirement for the possibility to support legacy single-carrier terminals of earlier releases.  

f

Aggregated Transmission Bandwidth Configuration NRB,agg

Aggregated Channel Bandwidth BWChannel_CA (MHz)

Foffset,low

NRB,low (Lowest carrier)

Fedge,low

BWGB BWGB

Foffset,high

Fedge,high

Fspacing

NRB,high (Highest carrier)

FC,low FC,high

FIGURE 17.5

Definitions for Intra-Band Carrier Aggregation RF parameters, for an example 
with two aggregated carriers.
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An additional complication is that the component carriers should be on the same 15 kHz subcarrier 
raster in order to allow reception of multiple adjacent component carriers using a single FFT instead 
of an FFT per subcarrier.1 As discussed in Section 9.4, this property, together with the fact that the fre-
quency numbering scheme is on a 100 kHz raster, results in the spacing between two component carriers 
having to be a multiple of 300 kHz, which is the least common denominator of 15 and 100 kHz.

For the specification, RF requirements are based on a nominal channel spacing that is derived 
from the channel bandwidth of the two adjacent carriers BWChannel(1) and BWChannel(2) as follows:2

F
BW BW BW

Spacing,Nominal
Channel Channel Channel( ) ( ) ( ).1 2 10 1 BWChannel( )

.
. .

2

2 0 3
0 3

⋅

















In order to allow for a tighter packing of component carriers, the value of FSpacing can be adjusted to 
any multiple of 300 kHz that is smaller than the nominal spacing, as long as the carriers do not overlap.

RF requirements for LTE are normally defined relative to the channel bandwidth edges. For intra-
band CA, this is generalized so that requirements are defined relative to the edges of the Aggregated 
Channel Bandwidth, identified in Figure 17.5 as Fedge,low and Fedge,high. In this way many RF require-
ments can be reused, but with new reference points in the frequency domain. The aggregated channel 
bandwidth for both UE and base station is defined as:

BW F FChannel_CA edge,high edge,low .

The location of the edges is defined relative to the carriers at the edges through a new parameter 
Foffset (see Figure 17.5) using the following relation to the carrier center positions FC of the lowest 
and highest carriers:

�
F F Fedge,low C,low offset,low

�

F F Fedge,high C,high offset,high .

(17.1)

(17.2)

(17.3)

(17.4)

Table 17.4  UE Carrier Aggregation Bandwidth Classes

Channel Aggregation 
Bandwidth Classes

Aggregated Transmission  
BW Configuration

Number of Component  
Carriers

A 100 1

B 100 2

C 101–200 2

D, E, F Under study (201–500) Under study

1 In case of independent frequency errors between component carriers, multiple FFTs and frequency-tracking functionality 
may be needed anyway.
2 … denotes the “floor” operator, which rounds the number down.
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The value of Foffset for the edge carriers and the corresponding location of the edges are, however, not 
defined in the same way for UE and base station.

For the base station, there are legacy scenarios where the base station receives and transmits adja-
cent independent carriers, supporting legacy terminals of earlier releases using single carriers. This 
scenario will also have to be supported for a configuration of aggregated carriers. In addition, for 
backward compatibility reasons, a fundamental parameter such as channel bandwidth and the cor-
responding reference points (the channel edge) for all RF requirements will have to remain the 
same. The implication is that the channel edges shown in Figure 17.4 for each component carrier 
will also remain as reference points when the carriers are aggregated. This results in the following 
base station definition of Foffset, for carrier aggregation, which is “inherited” from the single carrier 
scenario:

�

F
BW

offset
channel    (for base station)�
2

.

Unlike the base station, the UE is not restricted by legacy operation, but rather from the nonlinear 
properties of the PA and the resulting unwanted emissions mask. At both edges of the aggregated 
channel bandwidth, a guard band BWGB will be needed, in order for the emissions to reach a level 
where the out-of-band emissions limits in terms of an emission mask are applied. Whether a single 
wide carrier or multiple aggregated carriers of the same or different sizes are transmitted, the guard 
band needed will have to be the same at both edges, since the emission mask roll-off is the same. A 
problem with the backwards-compatible base station definition is that the resulting guard BWGB is 
proportional to the channel BW and would therefore be different if carriers of different channel BW 
are aggregated.

For this reason, a different definition is used for the UE, based on a “symmetrical” guard band. 
For the edge carriers (low and high), Foffset is half of the transmission bandwidth configuration, plus a 
symmetrical guard band BWGB:

�

F
N

BWoffset
RB

GB
MHz

  (for UE),
0 18

2

. ⋅

where 0.18 MHz is the bandwidth of one resource block and BWGB is proportional to the channel BW 
of the largest component carrier. For the CA bandwidth classes defined in release 10 and where the 
edge carriers have the same channel bandwidth, Foffset will be the same for terminals and base stations 
and BWChannel_CA will be the same.

It may look like an anomaly that the definitions may potentially lead to slightly different aggre-
gated channel BW for the UE and the base station, but this is in fact not a problem. UE and base-
station requirements are defined separately and do not have to cover the same frequency ranges. The 
aggregated channel BW for both UE and base station do, however, have to be within an operator’s 
license block in the operating band.

Once the frequency reference point is set, the actual RF requirements are to a large extent the 
same as for a single carrier configuration. Which requirements are affected is explained for each 
requirement in the discussion later in this chapter.

(17.5)

(17.6)
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17.5  MULTI-STANDARD RADIO BASE STATIONS
Traditionally the RF specifications have been developed separately for the different 3GPP radio-
access technologies GSM/EDGE, UTRA, and E-UTRA (LTE). The rapid evolution of mobile radio 
and the need to deploy new technologies alongside the legacy deployments has, however, lead to 
implementation of different Radio-Access Technologies (RAT) at the same sites, often sharing anten-
nas and other parts of the installation. A natural further step is then to also share the base-station 
equipment between multiple RATs. This requires multi-RAT base stations.

The evolution to multi-RAT base stations is also fostered by the evolution of technology. While 
multiple RATs have traditionally shared parts of the site installation, such as antennas, feeders, back-
haul or power, the advance of both digital baseband and RF technologies enables a much tighter inte-
gration. A base station consisting of two separate implementations of both baseband and RF, together 
with a passive combiner/splitter before the antenna, could in theory be considered a multi-RAT base 
station. 3GPP has, however, made a narrower, but more forward-looking definition.

In a Multi-Standard Radio (MSR) base station, both the receiver and the transmitter are capable 
of simultaneously processing multiple carriers of different RATs in common active RF components. 
The reason for this stricter definition is that the true potential of multi-RAT base stations, and the 
challenge in terms of implementation complexity, comes from having a common RF. This principle is 
illustrated in Figure 17.6 with an example base station capable of both GSM/EDGE and LTE. Much 
of the GSM/EDGE and LTE baseband functionality may be separate in the base station, but is pos-
sibly implemented in the same hardware. The RF must, however, be implemented in the same active 
components as shown in the figure.

The main advantages of an MSR base station implementation are twofold:

l	 Migration between RATs in a deployment, for example from GSM/EDGE to LTE, is possible 
using the same base station hardware. In the example in Figure 17.6, a migration is performed in 

Phase 1 (GSM/EDGE only)

Phase 2 (LTE + GSM/EDGE)

Phase 3 (LTE only)

Common Active RF

LTE
functionality

GSM/EDGE
functionality

MSR BS

Migration steps:

FIGURE 17.6

Example of migration from GSM to LTE using an MSR base station for all 
migration phases.
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three phases using the same MSR base station. In the first phase, the base station is deployed in 
a network for GSM/EDGE-only operation. In the second phase, the operator migrates part of the 
spectrum to LTE. The same MSR base station will now operate one LTE carrier, but still supports 
the legacy GSM/EDGE users in half of the band available. In the third phase, when the GSM/
EDGE users have migrated from the band, the operator can configure the MSR base station to 
LTE-only operation with double the channel bandwidth.

l	 A single base station designed as an MSR base station can be deployed in various environments 
for single-RAT operation for each RAT supported, as well as for multi-RAT operation where that 
is required by the deployment scenario. This is also in line with the recent technology trends seen 
in the market, with fewer and more generic base-station designs. Having fewer varieties of base 
station is an advantage both for the base-station vendor and for the operator, since a single solu-
tion can be developed and implemented for a variety of scenarios.

The single-RAT 3GPP radio-access standards, with requirements defined independently per RAT, 
do not support such migration scenarios with an implementation where common base-station RF 
hardware is shared between multiple access technologies, and hence a separate set of requirements 
for multi-standard radio equipment is needed.

An implication of a common RF for multiple RATs is that carriers are no longer received and 
transmitted independently of each other. For this reason, a common RF specification must be used to 
specify the MSR base station. 3GPP in release 9 has developed MSR specifications for the core RF 
requirements [80] and for test requirements [81]. Those specifications support GSM/EDGE,3 UTRA 
and E-UTRA, and all combinations thereof. To support all possible RAT combinations, the MSR 
specifications have many generic requirements applicable regardless of RAT combination, together 
with specific single-access-technology-specific requirements to secure the integrity of the systems in 
single-RAT operation.

The MSR concept has a substantial impact for many requirements, while others remain com-
pletely unchanged. A fundamental concept introduced for MSR base stations is RF bandwidth, which 
is defined as the total bandwidth over the set of carriers transmitted and received. Many receiver and 
transmitter requirements for GSM/EDGE and UTRA are specified relative to the carrier center and 
for LTE in relation to the channel edges. For an MSR base station, they are instead specified relative 
to the RF bandwidth edges, in a way similar to carrier aggregation in release 10. In the same way as 
for carrier aggregation, a parameter Foffset is also introduced to define the location of the RF band-
width edges relative to the edge carriers. For GSM/EDGE carriers, Foffset is set to 200 kHz, while it 
is in general half the channel bandwidth for UTRA and E-UTRA. By introducing the RF bandwidth 
concept and introducing generic limits, the requirements for MSR shift from being carrier centric 
towards being frequency block centric, thereby embracing technology neutrality by being independ-
ent of the access technology or operational mode.

While E-UTRA and UTRA carriers have quite similar RF properties in terms of bandwidth and 
power spectral density, GSM/EDGE carriers are quite different. The operating bands for which MSR 
base stations are defined are therefore divided into three Band Categories (BC):

l	 BC1 – All paired bands where UTRA FDD and E-UTRA FDD can be deployed.

3 The MSR specifications are not applicable to single-RAT operation of GSM/EDGE.
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l	 BC2 – All paired bands where in addition to UTRA FDD and E-UTRA FDD, GSM/EDGE can 
also be deployed.

l	 BC3 – All unpaired bands where UTRA TDD and E-UTRA TDD can be deployed.

Since the carriers of different RATs are not transmitted and received independently, it is necessary 
to perform parts of the testing with carriers of multiple RATs being activated. This is done through 
a set of multi-RAT Test Configurations defined in [81], specifically tailored to stress transmitter and 
receiver properties. These test configurations are of particular importance for the unwanted emission 
requirements for the transmitter and for testing of the receiver susceptibility to interfering signals 
(blocking, etc.). An advantage of the multi-RAT test configurations is that the RF performance of 
multiple RATs can be tested simultaneously, thereby avoiding repetition of test cases for each RAT. 
This is of particular importance for the very time-consuming tests of requirements outside the operat-
ing band over the complete frequency range up to 12.75 GHz.

The requirement with the largest impact from MSR is the spectrum mask, or the operating band 
unwanted emissions requirement, as it is called. The spectrum mask requirement for MSR base sta-
tions is applicable for multi-RAT operation where the carriers at the RF bandwidth edges are either 
GSM/EDGE, UTRA, or E-UTRA carriers of different channel bandwidths. The mask is generic and 
applicable to all cases and covers the complete operating band of the base station. There is an excep-
tion for the 150 kHz closest to the RF bandwidth edge, where the mask is aligned with the GSM/
EDGE modulation spectrum for the case when a GSM/EDGE carrier or a 1.4/3 MHz E-UTRA carrier 
is transmitted adjacent to the edge.

An important aspect of MSR is the declaration by the base station vendor of the supported RF 
bandwidth, power levels, multicarrier capability, etc. All testing is based on the capability of the base 
station through a declaration of the supported Capability Set (CS), which defines all supported single 
RATs and multi-RAT combinations. There are currently six capability sets CS1–CS6 defined in the 
MSR test specification [81], allowing full flexibility for implementing and deploying base stations 
compliant to the MSR specification. For a large part of the base station RF requirements, multi-RAT 
testing is not necessary and the actual test limits are unchanged for the MSR base station. In these 
cases, both the requirements and the test cases are simply incorporated through direct references to 
the corresponding single-RAT specifications.

Carrier aggregation as described above in Section 17.4 is also applicable to MSR base stations. 
Since the MSR specification already has most of the concepts and definitions in place for defining 
multi-carrier RF requirements, whether aggregated or not, the changes of the MSR requirements 
compared to non-aggregated carriers are very minor.

17.6  OVERVIEW OF RF REQUIREMENTS FOR LTE
The RF requirements define the receiver and transmitter RF characteristics of a base station or UE. 
The base station is the physical node that transmits and receives RF signals on one or more antenna 
connectors. Note that a base station is not the same thing as an eNodeB, which is the corresponding 
logical node in the LTE Radio-Access Network. The terminal is denoted UE in the description below, 
as it is in all RF specifications.

The set of RF requirements defined for LTE is fundamentally the same as those defined for UTRA 
or any other radio system. Some requirements are also based on regulatory requirements and are more 
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concerned with the frequency band of operation and/or the place where the system is deployed, than 
with the type of system.

What is particular to LTE is the flexible bandwidth and the related multiple channel bandwidths 
of the system, which makes some requirements more complex to define. These properties have spe-
cial implications for the transmitter requirements on unwanted emissions, where the definition of the 
limits in international regulation depends on the channel bandwidth. Such limits are harder to define 
for a system where the base station may operate with multiple channel bandwidths and where the UE 
may vary its channel bandwidth of operation. The properties of the flexible OFDM-based physical 
layer also have implications for specifying the transmitter modulation quality and how to define the 
receiver selectivity and blocking requirements.

The type of transmitter requirements defined for the UE is very similar to what is defined for the 
base station, and the definitions of the requirements are often similar. The output power levels are, 
however, considerably lower for a UE, while the restrictions on the UE implementation are much 
higher. There is tight pressure on cost and complexity for all telecommunications equipment, but this 
is much more pronounced for terminals, due to the scale of the total market, which is more than one 
billion devices per year. In cases where there are differences in how requirements are defined between 
UE and base station, they are treated separately in this chapter.

The detailed background of the RF requirements for LTE is described in [82,83], with further 
details of the additional requirements in release 10 (for LTE-Advanced) in [84,85]. The RF require-
ments for the base station are specified in [86] and for the UE in [76]. The RF requirements are 
divided into transmitter and receiver characteristics. There are also performance characteristics for 
base station and UE that define the receiver baseband performance for all physical channels under 
different propagation conditions. These are not strictly RF requirements, though the performance will 
also depend on the RF to some extent.

Each RF requirement has a corresponding test defined in the LTE test specifications for the base 
station [87] and the UE [74]. These specifications define the test setup, test procedure, test signals, 
test tolerances, etc. needed to show compliance with the RF and performance requirements.

17.6.1  Transmitter Characteristics
The transmitter characteristics define RF requirements for the wanted signal transmitted from the UE 
and base station, but also for the unavoidable unwanted emissions outside the transmitted carrier(s). 
The requirements are fundamentally specified in three parts:

l	 Output power level requirements set limits for the maximum allowed transmitted power, for the 
dynamic variation of the power level and in some cases for the transmitter OFF state.

l	 Transmitted signal quality requirements define the “purity” of the transmitted signal and also the 
relation between multiple transmitter branches.

l	 Unwanted emissions requirements set limits to all emissions outside the transmitted carrier(s) and 
are tightly coupled to regulatory requirements and coexistence with other systems.

A list of the UE and base-station transmitter characteristics arranged according to the three parts 
defined above is shown in Table 17.5. A more detailed description of the requirements can be found 
later in this chapter.
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17.6.2  Receiver Characteristics
The set of receiver requirements for LTE is quite similar to what is defined for other systems such 
as UTRA, but many of them are defined differently, due to the flexible bandwidth properties. The 
receiver characteristics are fundamentally specified in three parts:

l	 Sensitivity and dynamic range requirements for receiving the wanted signal.
l	 Receiver susceptibility to interfering signals defines receivers’ susceptibility to different types of 

interfering signals at different frequency offsets.
l	 Unwanted emissions limits are also defined for the receiver.

A list of the UE and base-station receiver characteristics arranged according to the three parts 
defined above is shown in Table 17.6. A more detailed description of each requirement can be found 
later in this chapter.

17.6.3  Regional Requirements
There are a number of regional variations to the RF requirements and their application. The varia-
tions originate in different regional and local regulations of spectrum and its use. The most obvious 
regional variation is the different frequency bands and their use, as discussed above. Many of the 
regional RF requirements are also tied to specific frequency bands.

When there is a regional requirement on, for example, spurious emissions, this requirement should 
be reflected in the 3GPP specifications. For the base station it is entered as an optional requirement 
and is marked as “regional”. For the UE, the same procedure is not possible, since a UE may roam 
between different regions and will therefore have to fulfill all regional requirements that are tied to an 
operating band in the regions where the band is used. For LTE, this becomes more complex than for 
UTRA, since there is an additional variation in the transmitter (and receiver) bandwidth used, mak-
ing some regional requirements difficult to meet as a mandatory requirement. The concept of network 

Table 17.5  Overview of LTE Transmitter Characteristics

Base-Station Requirement UE Requirement

Output power level Maximum output power Transmit power

Output power dynamics Output power dynamics

On/Off power (TDD only) Power control

Transmitted signal quality Frequency error Frequency error

Error Vector Magnitude (EVM) Transmit modulation quality

Time alignment between transmitter branches

Unwanted emissions Operating band unwanted emissions Spectrum emission mask

Adjacent Channel Leakage Ratio (ACLR) Adjacent Channel Leakage 
Ratio (ACLR)

Spurious emissions Spurious emissions

Occupied bandwidth Occupied bandwidth

Transmitter intermodulation Transmit intermodulation
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signaling of RF requirements is therefore introduced for LTE, where a UE can be informed at call 
setup of whether some specific RF requirements apply when the UE is connected to a network.

17.6.4  Band-Specific UE Requirements Through Network Signaling
For the UE, the channel bandwidths supported are a function of the LTE operating band, and also 
have a relation to the transmitter and receiver RF requirements. The reason is that some RF require-
ments may be difficult to meet under conditions with a combination of maximum power and high 
number of transmitted and/or received resource blocks.

Some additional RF requirements apply for the UE when a specific Network Signaling Value 
(NS_x) is signaled to the UE as part of the cell handover or broadcast message. For implementa-
tion reasons, these requirements are associated with restrictions and variations to RF parameters such 
as UE output power, maximum channel bandwidth, and number of transmitted resource blocks. The 
variations of the requirements are defined together with the Network Signaling Value (NS_x) in the 
UE RF specification [76], where each value corresponds to a specific condition. The default value for 
all bands is NS_01. All NS_x values are connected to an allowed power reduction called Additional 
Maximum Power Reduction (A-MPR) and apply for transmission using a certain minimum number 
of resource blocks, depending also on the channel bandwidth. The following are examples of UE 
requirements that have a related Network Signaling Value for some bands:

l	 NS_03, NS_04, or NS_06 is signaled when specific FCC requirements [88] on UE unwanted emis-
sions apply for operation in a number of US bands.

l	 NS_05 is signaled for protection of the PHS band in Japan when UE operates in the 2 GHz band 
(Band 1).

In some bands the NS_x signaling is also applied for testing of receiver sensitivity, since the 
active transmitted signal can affect the receiver performance.

Table 17.6  Overview of LTE Receiver Characteristics

Base-Station Requirement UE Requirement

Sensitivity and dynamic range Reference sensitivity Reference sensitivity power level

Dynamic range Maximum input level

In-channel selectivity

Receiver susceptibility to  
interfering signals

Out-of-band blocking Out-of-band blocking

Spurious response

In-band blocking In-band blocking

Narrowband blocking Narrowband blocking

Adjacent channel selectivity Adjacent channel selectivity

Receiver intermodulation Intermodulation characteristics

Unwanted emissions from the 
receiver

Receiver spurious emissions Receiver spurious emissions
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17.6.5  Base-Station Classes
In the base-station specifications, there is one set of RF requirements that is generic, applicable to 
what is called “general purpose” base stations. This is the original set of requirements developed in 
3GPP release 8. It has no restrictions on base-station output power and can be used for any deploy-
ment scenario. When the RF requirements were derived, however, the scenarios used were macro sce-
narios [89]. For this reason, in release 9 additional base-station classes were introduced that were 
intended for pico-cell and femto-cell scenarios. It is then also clarified from release 9 that the original 
set of RF parameters is for macro-cell scenarios. The terms macro, pico, and femto are not used in 
3GPP to identify the base-station classes, instead the following terminology is used:

l	 Wide Area base stations. This type of base station is intended for macro-cell scenarios, defined 
with a minimum coupling loss between BS and UE of 70 dB.

l	 Local Area base stations. This type of base station is intended for pico-cell scenarios, defined with 
a minimum coupling loss between BS and UE of 45 dB. Typical deployments are indoor offices 
and indoor/outdoor hotspots, with the BS mounted on walls or ceilings.

l	 Home base stations. This type of base station is intended for femto-cell scenarios, which are not 
explicitly defined. Minimum coupling loss between BS and UE of 45 dB is also assumed here. 
Home BS can be used both for open access and in closed subscriber groups.

The Local Area and Home base station classes have modifications to a number of requirements 
compared to Wide Area base stations, mainly due to the assumption of a lower minimum coupling 
loss:

l	 Maximum base station power is limited to 24 dBm output power for Local Area base stations and 
to 20 dBm for Home base stations, counting the power over all antennas (up to four). There is no 
maximum base station power defined for Wide Area base stations.

l	 Home base stations have an additional requirement for protecting systems operating on adjacent 
channels. The reason is that a UE connected to a base station belonging to another operator on 
the adjacent channel may be in close proximity to the Home base station. To avoid an interference 
situation where the adjacent UE is blocked, the Home base station must make measurements on 
the adjacent channel to detect adjacent base-station operations. If an adjacent base-station trans-
mission (UTRA or LTE) is detected under certain conditions, the maximum allowed Home base-
station output power is reduced in proportion to how weak the adjacent base-station signal is, in 
order to avoid interference to the adjacent base station.

l	 The spectrum mask (operating band unwanted emissions) has lower limits for Local Area and 
Home base stations, in line with the lower maximum power levels.

l	 Unwanted emission limits for protecting Home base-station operation (from other Home base sta-
tions) are lower, since a stricter through-the-wall indoor interference scenario is assumed. Limits 
for co-location for Local Area are, however, less strict, corresponding to the relaxed reference sen-
sitivity for the base station.

l	 Receiver reference sensitivity limits are higher (more relaxed) for Local Area and Home base sta-
tions. Receiver dynamic range and in-channel selectivity are also adjusted accordingly.

l	 All Local Area and Home base-station limits for receiver susceptibility to interfering signals are 
adjusted to take the higher receiver sensitivity limit and the lower assumed minimum coupling 
loss (base station-to-UE) into account.
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17.7  OUTPUT POWER LEVEL REQUIREMENTS
17.7.1  Base-Station Output Power and Dynamic Range
There is no general maximum output power requirement for base stations. As mentioned in the dis-
cussion of base-station classes above, there is, however, a maximum power limit of 24 dBm output 
power for Local Area base stations and of 20 dBm for Home base stations, counting the power over 
all antennas. In addition to this there is a tolerance specified, defining how much the actual maximum 
power may deviate from the power level declared by the manufacturer.

The base station also has a specification of the total power control dynamic range for a resource 
element, defining the power range over which it should be possible to configure. There is also a 
dynamic range requirement for the Total base-station power.

For TDD operation, a power mask is defined for the base-station output power, defining the Off 
power level during the uplink subframes and the maximum time for the transmitter transient period 
between the transmitter On and Off states.

17.7.2  UE Output Power and Dynamic Range
The UE output power level is defined in three steps:

l	 UE power class defines a nominal maximum output power for QPSK modulation. It may be dif-
ferent in different operating bands, but the main UE power class is today set at 23 dBm for all 
bands.

l	 Maximum Power Reduction (MPR) defines an allowed reduction of maximum power level for cer-
tain combinations of modulation used and the number of resource blocks that are assigned.

l	 Additional Maximum Power Reduction (A-MPR) may be applied in some regions and is usually 
connected to specific transmitter requirements such as regional emission limits. For each such set 
of requirement, there is an associated network signaling value NS_x that identifies the allowed 
A-MPR and the associated conditions, as explained above.

The UE has a definition of the transmitter Off power level, applicable to conditions when the UE 
is not allowed to transmit. There is also a general On/Off time mask specified, plus specific time 
masks for PRACH, SRS, subframe boundary and PUCCH/PUSCH/SRS.

The UE transmit power control is specified through requirements for the absolute power tolerance 
for the initial power setting, the relative power tolerance between two subframes, and the aggregated 
power tolerance for a sequence of power-control commands.

17.8  TRANSMITTED SIGNAL QUALITY
The requirements for transmitted signal quality specify how much the transmitted base station 
or UE signal deviates from an “ideal” modulated signal in the signal and the frequency domains. 
Impairments on the transmitted signal are introduced by the transmitter RF parts, with the nonlin-
ear properties of the power amplifier being a major contributor. The signal quality is measured for 
base station and UE through EVM and frequency error. An additional UE requirement is UE in-band 
emissions.
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17.8.1  EVM and Frequency Error
While the theoretical definitions of the signal quality measures are quite straightforward, the actual 
assessment is a very elaborate procedure, described in great detail in the 3GPP specification. The rea-
son is that it becomes a multidimensional optimization problem, where the best match for the timing, 
the frequency, and the signal constellation are found.

The Error Vector Magnitude (EVM) is a measure of the error in the modulated signal constella-
tion, taken as the root mean square of the error vectors over the active subcarriers, considering all 
symbols of the modulation scheme. It is expressed as a percentage value in relation to the power of 
the ideal signal. The EVM fundamentally defines the maximum SINR that can be achieved at the 
receiver, if there are no additional impairments to the signal between transmitter and receiver.

Since a receiver can remove some impairments of the transmitted signal such as time dispersion, 
the EVM is assessed after cyclic prefix removal and equalization. In this way, the EVM evaluation 
includes a standardized model of the receiver. The frequency offset resulting from the EVM evalua-
tion is averaged and used as a measure of the frequency error of the transmitted signal.

17.8.2  UE In-Band Emissions
In-band emissions are emissions within the channel bandwidth. The requirement limits how much a 
UE can transmit into non-allocated resource blocks within the channel bandwidth. Unlike the out- 
of-band emissions, the in-band emissions are measured after cyclic prefix removal and FFT, since this 
is how a UE transmitter affects a real base-station receiver.

17.8.3  Base-Station Time Alignment
Several LTE features require the base station to transmit from two ore more antennas, such as trans-
mitter diversity and MIMO. For carrier aggregation, the carriers may also be transmitted from differ-
ent antennas. In order for the UE to properly receive the signals from multiple antennas, the timing 
relation between any two transmitter branches is specified in terms of a maximum time alignment 
error between transmitter branches. The maximum allowed error depends on the feature or combina-
tion of features in the transmitter branches.

17.9  UNWANTED EMISSIONS REQUIREMENTS
Unwanted emissions from the transmitter are divided into out-of-band (OOB) emission and spurious 
emissions in ITU-R recommendations [90]. OOB emissions are defined as emissions on a frequency 
close to the RF carrier, which results from the modulation process. Spurious emissions are emis-
sions outside the RF carrier that may be reduced without affecting the corresponding transmission 
of information. Examples of spurious emissions are harmonic emissions, intermodulation products, 
and frequency conversion products. The frequency range where OOB emissions are normally defined 
is called the OOB domain, whereas spurious emission limits are normally defined in the spurious 
domain.

ITU-R also defines the boundary between the OOB and spurious domains at a frequency separa-
tion from the carrier center of 2.5 times the necessary bandwidth, which corresponds to 2.5 times the 
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channel bandwidth for LTE. This division of the requirements is easily applied for systems that have 
a fixed channel bandwidth. It does, however, become more difficult for LTE, which is a flexible band-
width system, implying that the frequency range where requirements apply would then vary with the 
channel bandwidth. The approach taken for defining the boundary in 3GPP is slightly different for 
base-station and UE requirements.

With the recommended boundary between OOB emissions and spurious emissions set at 2.5 times 
the channel bandwidth, third- and fifth-order intermodulation products from the carrier will fall inside 
the OOB domain, which will have a bandwidth of twice the channel bandwidth. For the OOB domain, 
two overlapping requirements are defined for both base station and UE: Spectrum Emission Mask 
(SEM) and Adjacent Channel Leakage Ratio (ACLR). The details of these are further explained below.

17.9.1  Implementation Aspects
As shown in Chapter 3, the spectrum of an OFDM signal decays rather slowly outside of the trans-
mission bandwidth configuration. Since the transmitted signal for LTE occupies 90% of the chan-
nel bandwidth, it is not possible to directly meet the unwanted emission limits directly outside the 
channel bandwidth with a “pure” OFDM signal. The techniques used for achieving the transmitter 
requirements are, however, not specified or mandated in LTE specifications. Time-domain windowing 
is one method commonly used in OFDM-based transmission systems to control spectrum emissions. 
Filtering is always used, both time-domain digital filtering of the baseband signal and analog filtering 
of the RF signal.

The nonlinear characteristics of the Power Amplifier (PA) used to amplify the RF signal must also 
be taken into account, since it is the source of intermodulation products outside the channel band-
width. Power back-off to give a more linear operation of the PA can be used, but at the cost of a 
lower power efficiency. The power back-off should therefore be kept to a minimum. For this reason, 
additional linearization schemes can be employed. These are especially important for the base station, 
where there are fewer restrictions on implementation complexity and use of advanced linearization 
schemes is an essential part of controlling spectrum emissions. Examples of such techniques are feed-
forward, feedback, predistortion and postdistortion.

17.9.2  Spectrum Emission Mask
The spectrum emission mask defines the permissible out-of-band spectrum emissions outside the nec-
essary bandwidth. As explained above, how to take the flexible channel bandwidth into account when 
defining the frequency boundary between OOB emissions and spurious domains is done differently 
for the LTE base station and UE. Consequently, the spectrum emission masks are also based on dif-
ferent principles.

17.9.2.1  Base-Station Operating Band Unwanted Emission Limits
For the LTE base station, the problem of the implicit variation of the boundary between OOB and 
spurious domain with the varying channel bandwidth is handled by not defining an explicit bound-
ary. The solution is a unified concept of operating band unwanted emissions for the LTE base sta-
tion instead of the spectrum mask usually defined for OOB emissions. The operating band unwanted 
emissions requirement applies over the whole base station transmitter operating band, plus an 

Petitioners' Exhibit 1003, p. 1320 
AT&T et al v. ASUS Technology & Celerity 

IPR2024-01142



36917.9  Unwanted Emissions Requirements

additional 10 MHz on each side, as shown in Figure 17.7. All requirements outside of that range are 
set by the regulatory spurious emission limits, based on the ITU-R recommendations [90]. As seen in 
the figure, a large part of the operating band unwanted emissions are defined over a frequency range 
that for smaller channel bandwidths can be both in spurious and OOB domains. This means that the 
limits for the frequency ranges that may be in the spurious domain also have to align with the regu-
latory limits from the ITU-R. The shape of the mask is generic for all channel bandwidth from 5 to 
20 MHz, with a mask that consequently has to align with the ITU-R limits starting 10 MHz from the 
channel edges. Special masks are defined for the smaller 1.4 and 3 MHz channel bandwidths. The 
operating band unwanted emissions are defined with a 100 kHz measurement bandwidth.

There are also special limits defined to meet a specific regulation set by the FCC [88] for the oper-
ating bands used in the USA and by the ECC for some European bands. These are specified as sepa-
rate limits in addition to the operating band unwanted emission limits.

17.9.2.2  UE Spectrum Emission Mask
For implementation reasons, it is not possible to define a generic UE spectrum mask that does not 
vary with the channel bandwidth, so the frequency ranges for OOB limits and spurious emissions 
limits do not follow the same principle as for the base station. The SEM extends out to a separation 
ΔfOOB from the channel edges, as illustrated in Figure 17.8. For 5 MHz channel bandwidth, this point 
corresponds to 250% of the necessary bandwidth as recommended by the ITU-R, but for higher chan-
nel bandwidths it is set closer than 250%.

The SEM is defined as a general mask and a set of additional masks that can be applied to reflect 
different regional requirements. Each additional regional mask is associated with a specific network 
signaling value NS_x.
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FIGURE 17.7

Frequency ranges for operating band unwanted emissions and spurious emissions applicable to an LTE 
base station.
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17.9.3  Adjacent Channel Leakage Ratio
In addition to a spectrum emissions mask, the OOB emissions are defined by an Adjacent Channel 
Leakage Ratio (ACLR) requirement. The ACLR concept is very useful for analysis of coexistence 
between two systems that operate on adjacent frequencies. The ACLR defines the ratio of the power 
transmitted within the assigned channel bandwidth to the power of the unwanted emissions transmit-
ted on an adjacent channel. There is a corresponding receiver requirement called Adjacent Channel 
Selectivity (ACS), which defines a receiver’s ability to suppress a signal on an adjacent channel.

The definitions of ACLR and ACS are illustrated in Figure 17.9 for a wanted and an interfering 
signal received in adjacent channels. The interfering signal’s leakage of unwanted emissions at the 
wanted signal receiver is given by the ACLR and the ability of the receiver of the wanted signal to 
suppress the interfering signal in the adjacent channel is defined by the ACS. The two parameters 
when combined define the total leakage between two transmissions on adjacent channels. That ratio is 
called the Adjacent Channel Interference Ratio (ACIR) and is defined as the ratio of the power trans-
mitted on one channel to the total interference received by a receiver on the adjacent channel, due to 
both transmitter (ACLR) and receiver (ACS) imperfections.

This relation between the adjacent channel parameters is [91]:

�

ACIR

ACLR ACS

1
1 1

.

ACLR and ACS can be defined with different channel bandwidths for the two adjacent channels, 
which is the case for some requirements set for LTE due to the bandwidth flexibility. The equation 

(17.7)
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FIGURE 17.8

Frequency ranges for spectrum emission mask and spurious emissions applicable to an LTE UE.
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above will also apply for different channel bandwidths, but only if the same two channel bandwidths 
are used for defining all three parameters ACIR, ACLR, and ACS used in the equation.

The ACLR limits for LTE UE and base station are derived based on extensive analysis [89] of 
LTE coexistence with LTE or other systems on adjacent carriers.

The LTE base-station requirements on ACLR and operating band unwanted emissions both cover 
the OOB domain, but the operating band unwanted emission limits are set slightly more relaxed com-
pared to the ACLR, since they are defined in a much narrower measurement bandwidth of 100 kHz. 
This allows for some variations in the unwanted emissions due to intermodulation products from 
varying power allocation between resource blocks within the channel. For an LTE base station, there 
are ACLR requirements both for an adjacent channel with a UTRA receiver and with an LTE receiver 
of the same channel bandwidth.

ACLR limits for the UE are set both with assumed UTRA and LTE receivers on the adjacent 
channel. As for the base station, the limits are also set stricter than the corresponding SEM, thereby 
accounting for variations in the spectrum emissions resulting from variations in resource-block 
allocations.
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for the

receiver
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FIGURE 17.9

Illustration of ACLR and ACS, with example characteristics for an “aggressor” 
interferer and a receiver for a “victim” wanted signal.
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17.9.4  Spurious Emissions
The limits for base station spurious emissions are taken from international recommendations [90], 
but are only defined in the region outside the frequency range of operating band unwanted emissions 
limits as illustrated in Figure 17.7 – that is, at frequencies that are separated from the base-station 
transmitter operating band by at least 10 MHz. There are also additional regional or optional limits for 
protection of other systems that LTE may coexist with or even be co-located with. Examples of other 
systems considered in those additional spurious emissions requirements are GSM, UTRA FDD/TDD, 
CDMA2000, and PHS.

UE spurious emission limits are defined for all frequency ranges outside the frequency range cov-
ered by the SEM. The limits are generally based on international regulations [90], but there are also 
additional requirements for coexistence with other bands when the mobile is roaming. The additional 
spurious emission limits can have an associated network signaling value.

In addition, there are base-station and UE emission limits defined for the receiver. Since receiver 
emissions are dominated by the transmitted signal, the receiver spurious emission limits are only 
applicable when the transmitter is Off, and also when the transmitter is On for an LTE FDD base sta-
tion that has a separate receiver antenna connector.

17.9.5  Occupied Bandwidth
Occupied bandwidth is a regulatory requirement that is specified for equipment in some regions, such 
as Japan and the USA. It is originally defined by the ITU-R as a maximum bandwidth, outside of 
which emissions do not exceed a certain percentage of the total emissions. The occupied bandwidth 
is for LTE equal to the channel bandwidth, outside of which a maximum of 1% of the emissions are 
allowed (0.5% on each side).

In the case of carrier aggregation, the occupied bandwidth is equal to the aggregated channel 
bandwidth.

17.9.6  Transmitter Intermodulation
An additional implementation aspect of an RF transmitter is the possibility of intermodulation 
between the transmitted signal and another strong signal transmitted in the proximity of the base sta-
tion or UE. For this reason there is a requirement for transmitter intermodulation.

For the base station, the requirement is based on a stationary scenario with a co-located other 
base-station transmitter, with its transmitted signal appearing at the antenna connector of the base sta-
tion being specified, but attenuated by 30 dB. Since it is a stationary scenario, there are no additional 
unwanted emissions allowed, implying that all unwanted emission limits also have to be met with the 
interferer present.

For the UE, there is a similar requirement based on a scenario with another UE transmitted signal 
appearing at the antenna connector of the UE being specified, but attenuated by 40 dB. The requrie-
ment specifies the minimum attenuation of the resulting intermodulation product below the transmit-
ted signal.
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17.10  SENSITIVITY AND DYNAMIC RANGE
The primary purpose of the reference sensitivity requirement is to verify the receiver Noise Figure, 
which is a measure of how much the receiver’s RF signal chain degrades the SNR of the received 
signal. For this reason, a low-SNR transmission scheme using QPSK is chosen as reference channel 
for the reference sensitivity test. The reference sensitivity is defined at a receiver input level where the 
throughput is 95% of the maximum throughput for the reference channel.

For the base station, reference sensitivity could potentially be defined for a single resource block 
up to a group covering all resource blocks. For reasons of complexity, a maximum granularity of 25 
resource blocks has been chosen, which means that for channel bandwidths larger than 5 MHz, sensi-
tivity is verified over multiple adjacent 5 MHz blocks, while it is only defined over the full channel for 
smaller channel bandwidths.

For the UE, reference sensitivity is defined for the full channel bandwidth signals and with all 
resource blocks allocated for the wanted signal. For the higher channel bandwidths (5 MHz) in 
some operating bands, the nominal reference sensitivity needs to be met with a minimum number of 
allocated resource blocks. For larger allocation, a certain relaxation is allowed.

The intention of the dynamic range requirement is to ensure that the receiver can also operate 
at received signal levels considerably higher than the reference sensitivity. The scenario assumed 
for base-station dynamic range is the presence of increased interference and corresponding higher 
wanted signal levels, thereby testing the effects of different receiver impairments. In order to stress 
the receiver, a higher SNR transmission scheme using 16QAM is applied for the test. In order to 
further stress the receiver to higher signal levels, an interfering AWGN signal at a level 20 dB above 
the assumed noise floor is added to the received signal. The dynamic range requirement for the UE is 
specified as a maximum signal level at which the throughput requirement is met.

17.11  RECEIVER SUSCEPTIBILITY TO INTERFERING SIGNALS
There is a set of requirements for base station and UE, defining the receiver’s ability to receive a 
wanted signal in the presence of a stronger interfering signal. The reason for the multiple require-
ments is that, depending on the frequency offset of the interferer from the wanted signal, the inter-
ference scenario may look very different and different types of receiver impairments will affect the 
performance. The intention of the different combinations of interfering signals is to model as far as 
possible the range of possible scenarios with interfering signals of different bandwidths that may be 
encountered inside and outside the base-station and UE receiver operating band. While the types of 
requierments are very similar between base station and UE, the signal levels are different, since the 
interference scenarios for the base station and UE are very different. There is also no UE requirement 
corresponding to the base-station In-Channel Selectivity (ICS) requirement.

The following requirements are defined for LTE base station and UE, starting from interfer-
ers with large frequency separation and going close in (see also Figure 17.10). In all cases where 
the interfering signal is an LTE signal, it has the same bandwidth as the wanted signal, but at most 
5 MHz.
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l	 Blocking. This corresponds to the scenario with strong interfering signals received outside the 
operating band (out-of-band blocking) or inside the operating band (in-band blocking), but not 
adjacent to the wanted signal. In-band blocking includes interferers in the first 20 MHz outside 
the band for the base station and the first 15 MHz for the UE. The scenarios are modeled with a 
Continuous Wave (CW) signal for the out-of-band case and an LTE signal for the in-band case. 
There are additional (optional) base-station blocking requirements for the scenario when the base 
station is co-sited with another base station in a different operating band. For the UE, a fixed 
number of exceptions are allowed from the out-of-band blocking requirement, for each assigned 
frequency channel and at the respective spurious response frequencies. At those frequencies, the 
UE must comply with the more relaxed spurious response requirement.

l	 Adjacent channel selectivity. The ACS scenario is a strong signal in the channel adjacent to the 
wanted signal and is closely related to the corresponding ACLR requirement (see also the discus-
sion in Section 17.9.3). The adjacent interferer is an LTE signal. For the UE, the ACS is specified 
for two cases with a lower and a higher signal level.

l	 Narrowband blocking. The scenario is an adjacent strong narrowband interferer, which in the 
requirement is modeled as a single resource block LTE signal for the base station and a CW signal 
for the UE.

l	 In-channel selectivity (ICS). The scenario is multiple received signals of different received power 
levels inside the channel bandwidth, where the performance of the weaker “wanted” signal is veri-
fied in the presence of the stronger “interfering” signal. ICS is only specified for the base station.

l	 Receiver intermodulation. The scenario is two interfering signals near to the wanted signal, where 
the interferers are one CW and one LTE signal (not shown in Figure 17.10). The interferers are 

E-UTRA wanted signal

Narrowband blocking

ACS Blocking (in-band)

Blocking (out-of-band)

CW

1 RB (BS)
CW (UE)

“Interfering” 
RBs

“Wanted” 
RBs

ICS
Scenario (BS)

Receiver operating band

FIGURE 17.10

Base-station and UE requirements for receiver susceptibility to interfering signals in terms of 
blocking, ACS, narrowband blocking, and in-channel selectivity (BS only).
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placed in frequency in such a way that the main intermodulation product falls inside the wanted 
signal’s channel bandwidth. There is also a narrowband intermodulation requirement for the base 
station where the CW signal is very close to the wanted signal and the LTE interferer is a single 
RB signal.

For all requirements except in-channel selectivity, the wanted signal uses the same reference chan-
nel as in the corresponding reference sensitivity requirement. With the interference added, the same 
95% relative throughput is met as for the reference channel, but at a “desensitized” higher wanted 
signal level.
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Performance 18
CHAPTER

18.1  PERFORMANCE ASSESSMENT
Computer simulation of mobile systems is a very powerful tool to assess the system performance. 
The “real-life” performance can, of course, be measured and evaluated in the field for an already 
deployed system and such values represent a valid example of performance for a certain system con-
figuration. But there are several advantages with computer simulations:

l	 Evaluation can be made of system concepts that are not deployed or still under development.
l	 There is full control of the environment, including propagation parameters, traffic, system layout, 

etc., and full traceability of all parameters affecting the result.
l	 Well-controlled “experiments” comparing similar system concepts or parts of concepts can be 

done under repeatable conditions.

In spite of the advantages, simulation results obviously do not give a full picture of the perform-
ance of a system. It is impossible to model all aspects of the mobile environment and to properly model 
the behavior of all components in a system. Still, a very good picture of system performance can be 
obtained and it can often be used to find the potential limits for performance. Because of the difficulty in 
modeling all relevant aspects, relative capacity measures for introducing features will be more accurate 
than absolute capacity numbers, if a good model is introduced of the feature in question.

The capacity of a system is difficult to assess without comparisons, since a system performance 
number in itself does not provide very much information. It is when set in relation to how other sys-
tems can perform that the number becomes interesting. Since making comparisons is an important 
component in assessing performance, it also makes performance numbers a highly contentious issue. 
One always has to watch out for “apples and oranges” comparisons, since the system performance 
depends on so many parameters. If parameters are not properly selected to give comparable condi-
tions for two systems, the performance numbers will not be comparable either.

In this context, it is also essential to take into account that system performance and capacity will be fea-
ture dependent. Many features such as MIMO and advanced antenna techniques that have been introduced 
in 3 G (HSPA) and 4 G (LTE) systems are very similar between systems. If a certain feature is a viable 
option for several systems that are evaluated in parallel, the feature should be included in the evaluation for 
all systems.

Any simulated performance number should be viewed in the context that real radio network per-
formance will depend on many parameters that are difficult to control or model, including:
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l	 The mobile environment, including channel conditions, angular spreads, clutter type, terminal 
speeds, indoor/outdoor usage, and coverage holes.

l	 User-related behavior, such as voice activity, traffic distribution, and service distribution.
l	 System tuning of service quality and network quality.
l	 Deployment aspects such as site types, antenna heights and types, and frequency planning.
l	 A number of additional parameters that are usually not modeled, such as signaling capacity and 

performance, and measurement quality.

There is no single universal measure of performance for a telecommunications system. Indeed, 
end-users (subscribers) and system operators define good performance quite differently. On the one 
hand, end-users want to experience the highest possible level of quality. On the other hand, operators 
want to derive maximum revenue, for example by squeezing as many users as possible into the sys-
tem. Performance-enhancing features can improve perceived quality of service (end-user viewpoint) 
or system performance (operator viewpoint). The good news, however, is that LTE and its evolution 
has the potential to do both. Compared to 3G systems, LTE yield better data rates and shorter delay. 
That is, LTE and its evolution can greatly improve both the service experience (end-user viewpoint) 
and the system capacity (operator viewpoint).

18.1.1  End-User Perspective of Performance
Users of circuit-switched services are assured of a fixed data rate. The quality of service in the con-
text of speech or video telephony services is defined by perceived speech or video quality. Superior-
quality services have fewer bit errors in the received signal.

By contrast, users who download a web page or movie clip via packet data describe quality of service 
in terms of the delay they experience from the time they start the download until the web page or movie 
clip is displayed. Best-effort services do not guarantee a fixed data rate. Instead, users are allocated 
whatever data rate is available under present conditions. This is a general property of packet-switched  
networks – that is, network resources are not reserved for each user. Given that the delay increases with 
the size of the object to be downloaded, absolute delay is not a fair measure of quality of service.

Performance of a packet data service in cellular systems can be characterized by several differ-
ent measures depending on the perspective taken (see Figure 18.1). A single user in a radio network 
experiencing good radio conditions may enjoy the peak data rate of the radio interface. A user will, 
however, normally share radio resources with other users. If radio conditions are less than optimal or 
there is interference from other users, the radio-interface data rate will be less than the peak data rate. 
In addition, some data packets might be lost, in which case the missing data must be retransmitted, 
further reducing the effective data rate as seen from higher protocol layers. Furthermore, the effective 
data rate diminishes even further as the distance from the cell increases (due to poorer radio condi-
tions at cell edges). The data rate experienced above the MAC layer, after sharing the channel with 
other users, is denoted user throughput.

The Transmission Control Protocol (TCP) – the protocol at the transport layer – is commonly 
used together with IP traffic. However, due to the so-called slow-start algorithm, which is sensitive to 
latency in the network, it is especially prone to cause delay for small files. The slow-start algorithm 
is meant to ensure that the packet transmission rate from the source does not exceed the capability of 
network nodes and interfaces.
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Network latency, which in principle is a measure of the time it takes for a packet to travel from a 
client to a server and back again, has a direct impact on performance with TCP. Therefore, an impor-
tant design objective for LTE has been to reduce network latency. One other quality-related criterion 
(end-user viewpoint) relates to the setup time for initiating, for example, a web-browsing session.

18.1.2  Operator Perspective
Radio resources need to be shared when multiple users are in the network. As a result, all data 
must be queued before it can be transmitted, which restricts the effective data rate to each user. 
Notwithstanding this fact, by scheduling radio resources, operators can improve system throughput or 
the total number of bits per second transmitted over the radio interface. A common measure of system 
performance is “spectral efficiency”, which is the system throughput per MHz of spectrum in each 
cell of the system.

LTE employs intelligent scheduling methods to optimize performance, from both end-user and 
operator viewpoints.

An important performance measure for operators is the number of active users who can be con-
nected simultaneously. Given that system resources are limited, there will thus be a trade-off between 
number of active users and perceived quality of service in terms of user throughput.

18.2  PERFORMANCE IN TERMS OF PEAK DATA RATES AND LATENCY
As described in Chapter 1, LTE has been developed in a process where design targets for perform-
ance parameters play an important role. One target is for the peak data rate over the radio interface. 
The original design targets for the first release of LTE are documented in 3GPP TR 25.913 [10]. The 
target capability when operating in a 20 MHz spectrum allocation is a peak data rate of 100 Mbit/s in 
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FIGURE 18.1

Definitions of data rates for performance.
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the downlink and 50 Mbit/s in the uplink. The numbers assume two receive antennas in the terminal 
for the downlink capability and one transmit antenna for the uplink capability. These target numbers 
are exceeded by a good margin by the peak data rate capability of the specified LTE standard. LTE 
release 8 supports peak data rates of 300 Mbit/s in the downlink and 75 Mbit/s in the uplink by using 
spatial multiplexing of four layers (4  4 MIMO) in the downlink and 64QAM in both downlink and 
uplink. With the assumptions in the design targets – that is, spatial multiplexing of two layers – the 
downlink peak data rate is 150 Mbit/s, which is still significantly higher than the target.

The design targets for LTE release 10 (“LTE-Advanced”) are documented in 3GPP TR 36.913 
[10], based on the targets set by ITU-R [65]. There is no absolute peak data rate target expressed for 
LTE release 10; it is instead expressed relative to the channel bandwidth as a peak spectral efficiency, 
with targets of 15 bit/s/Hz for downlink and 6.75 bit/s/MHz for uplink [65]. LTE release 10 exceeds 
those numbers by a good margin, as shown in Table 18.1. The assumptions for deriving the peak 
spectral efficiency numbers is a deployment with 20 MHz channel bandwidth, 8  8 MIMO in the 
downlink, and 4  4 MIMO in the uplink.

The ITU-R requirement for downlink peak spectral efficiency is in fact fulfilled already by LTE 
release 8, assuming 4  4 MIMO in the downlink [92].

The ITU-R target for latency in [65] is set with a different definition than in Figure 18.1. Instead 
of a two-way latency, there is a 10 ms target for the one-way latency in both downlink and uplink. 
The one-way latency is defined as the one-way transit time between a packet being available at the IP 
layer in the user base station and the availability of this packet at the IP layer in the user terminal, and 
vice versa. This is achieved with a good margin for LTE, where the latency achieved is 4 ms for LTE 
FDD and 4.9 ms for LTE TDD.

18.3  PERFORMANCE EVALUATION OF LTE-ADVANCED
An essential part of the submission of LTE release 10 to ITU-R as a candidate for IMT-Advanced was 
the performance evaluation of the spectral efficiency. The technical requirements are set by ITU-R Report 
M.2134 [65] and the detailed evaluation methodology is described in ITU-R Report M.2135 [93].

For the work on LTE release 10, 3GPP performed a large simulation campaign with input from 
several 3GPP members. The resulting performance numbers formed an essential part of the sub-
mission of LTE-Advanced as a candidate for IMT-Advanced and is reported in detail in 3GPP TR 
36.912 [92]. In addition to the ITU-R evaluation criteria, an additional test environment with higher 

Table 18.1  LTE Peak Spectral Efficiency [92]

Peak Spectral 
Efficiency

ITU Requirement 
(bit/s/Hz)

LTE Fulfillment

Release 8 Release 10

FDD TDD FDD TDD

Downlink 15 15.3 15.0 30.6 30.0

Uplink 6.75 4.2 4.0 16.8 16.0
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performance targets than the ones set by ITU-R was defined in 3GPP. Performance numbers for this 
additional environment are also reported in [92].

An evaluation based on the ITU-R methodology and assumptions is presented in [94] and is 
also outlined below. The evaluation is based on time-dynamic system simulations, where users are 
dropped independently with uniform distribution over a simulated LTE system with a large number 
of cells. The simulations include overhead for control channels and time-dynamic models of feedback 
channels. Further details are given below. With the level of details applied to model the protocols and 
the simulation assumptions used for the evaluation described below, the technology potential of LTE 
release 10 is demonstrated, in addition to showing that the IMT-Advanced performance requirements 
are exceeded.

Detailed evaluations of LTE release 8 in comparison to earlier 3GPP releases of HSPA can be 
found in [95,96].

18.3.1  Models and Assumptions
This section presents the models and assumptions used for the evaluation in [94]. A summary of the 
test environments is given in Table 18.2 and the assumptions for the LTE-Advanced system character-
istics are given in Table 18.3.

The evaluation is performed in four deployment scenarios, each corresponding to a different test 
environment defined by ITU-R [93]:

l	 Indoor Hotspot. Deployment scenario for the indoor environment, having isolated office cells or 
hotspots for stationary or pedestrian users, with high user density and high user throughput.

l	 Urban Micro. Deployment scenario for the microcellular environment, having small cells with 
outdoor and outdoor-to-indoor coverage for pedestrian and slow vehicular users, provided by 

Table 18.2  Test Environment and Deployment Parameters for the Evaluation

Test Environment

Indoor Microcellular Base Coverage, 
Urban

High Speed

Deployment scenario Indoor hotspot Urban micro Urban macro Rural macro

Channel model InH UMi UMa RMa

Carrier frequency (GHz) 3.4 2.5 2.0 0.8

Inter-site distance (m) 60 200 500 1732

Terminal speed (km/h) 3 3 30 120

User distribution 100% indoor 50% indoor, 100% outdoor 100% outdoor

50% outdoor

BS antenna height (m) 6 10 25 35

BS antenna gain (dBi) 0 17 17 17

BS output power 
(dBm/20 MHz)

21 44 49 49

UE output power (dBm) 21 24 24 24
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Table 18.3  LTE-Advanced System Characteristics for the evaluation in [94]

General Characteristics

Duplex method assumptions FDD

TDD: Configuration 1, DwPTS/GP/UpPTS length set to 
12/1/1 OFDM symbols (see Chapter 9)

Spectrum allocation 10 MHz DL  10 MHz UL for FDD,

10 MHz for TDD

Double bandwidth for InH case

Antenna configuration at base station (BS) Vertically co-polarized

Antennas with 4 (InH) or 0.5 (UMi, UMa, RMa) wavelengths 
separation

Antenna configuration at terminal (UE) Vertically co-polarized

0.5 wavelengths separation

Network synchronization Synchronized, not explicitly utilized other than for avoiding 
UE–UE and BS–BS interference for TDD

Detailed Radio-Interface Characteristics and Models

Scheduler DL: Proportional fair in time and frequency

UL: Quality-based frequency-domain multiplexing

Downlink transmission scheme InH: Transmission mode 4; closed-loop codebook-based 
precoded adaptive rank spatial multiplexing

UMi, UMa, RMa: Transmission mode 5; coordinated beam-
forming (within site) with MU-MIMO

Uplink transmission scheme 1 Tx, 4Rx antennas, no MU-MIMO

Receiver type Minimum Mean Squared Error (MMSE) in DL and UL

Uplink power control Open loop with fractional path-loss compensation, 
parameters chosen according to the deployment scenario. 
Effective noise rise below 10 dB

Hybrid-ARQ scheme Incremental redundancy, synchronous, adaptive

Link adaptation Non-ideal, based on delayed feedback

Channel estimation Non-ideal channel estimation

Non-ideal channel-state reports in downlink; CQI error 
per resource block is N(0,1) dB, error-free feedback of the 
reports, 6 ms reporting delay, 5 ms reporting periodicity

Uplink quality estimated from PUSCH, 6 ms delay, 20 ms 
sounding period

Feedback channel errors Error-free, but quantized and delayed

Control channel overhead DL: 3 OFDM symbols per subframe

UL: 4 resource blocks

Overhead for common control channels (synchronization, 
broadcast and random access; ~1% for 10 MHz) has not 
been deducted
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below rooftop outdoor base stations. It has high traffic per unit area and will be interference 
limited.

l	 Urban Macro. Deployment scenario for the base coverage urban environment, having large cells and 
continuous coverage for pedestrians up to fast vehicular users, provided by above rooftop outdoor 
base stations. It will be interference limited and has mostly non-line-of-sight propagation conditions.

l	 Rural Macro. Deployment scenario for the high speed environment, having large cells and contin-
uous coverage for high-speed vehicular and train users. It will be noise and/or interference limited.

Each deployment scenario described in [93] corresponds to a set of deployment parameters, 
including detailed propagation models for line-of-sight, non-line-of-sight, and/or outdoor-to-indoor 
propagation. The channel model is based on the so-called WINNER II channel model [97], which 
is a Spatial Channel Model (SCM) applicable for MIMO simulations [98]. Further details of the test  
environments and deployment parameters are given in Table 18.2.

The simulation methodology is “time dynamic”, where a system of base stations and terminals is 
simulated over a limited time frame (20–100 seconds). This is repeated to create a number of samples 
to reach sufficient statistical confidence. For each simulation, terminals are randomly positioned over a 
model of a radio network and the radio channel between each base station and terminal antenna pair is 
simulated according to the propagation and fading models. A full buffer traffic model with an average 
of 10 users per cell is assumed. This results in the system operating at the maximum 100% system load.

Based on the channel realizations and the active interferers, a signal-to-interference-and-noise 
ratio (SINR) is calculated for each terminal (or base-station) receive antenna. The SINR values are 
then mapped to block error probability for the modulation and coding scheme employed for each 
user. MIMO and the modulation-and-coding scheme according to the LTE standard are selected based 
on delayed feedback. Retransmissions are explicitly modeled and the user throughput for each active 
user i will be the number of correctly received bits χi (above the MAC layer) divided by the simulated 
time T. The distribution of user throughput between users is used as a basis for assessing end-user 
quality. The served traffic per cell is calculated from the total number of received bits χi for all users, 
averaged over all cells and divided by the simulated time T. Statistics are collected from each simula-
tion run and then new terminals are randomly positioned for the next sample.

18.3.2  Evaluation Criteria
ITU-R defines two requirements related to the efficiency of the radio interface for evaluating the per-
formance of the IMT-Advanced candidate radio-interface technologies (RITs) [65]. The first is cell 
spectral efficiency, defining the operator perspective, and the second is cell-edge spectral efficiency, 
defining the end-user perspective.

The cell spectral efficiency is the aggregated throughput over all users, averaged over all cells and 
divided by the channel bandwidth. The measure relates to the system throughput in Figure 18.1 and 
is a measure of the maximum total “capacity” available in the system to be shared between users; it is 
measured in bits/s/Hz/cell.

The cell spectral efficiency η is defined as:

η
χ

ω
� �

i
i

N

T M
1
∑
⋅ ⋅

, (18.1)
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where χi denotes the number of correctly received bits for user i in a system with N users and M cells, 
ω is the channel bandwidth, and T is the time over which the data bits are received.

The cell-edge user spectral efficiency is based on the distribution between users of the normalized 
user throughput (see also Figure 18.1), which is defined as the average user throughput over a certain 
period of time divided by the channel bandwidth, and is measured in bit/s/Hz. The cell-edge user 
spectral efficiency is defined as the 5% point of the cumulative distribution function (CDF) of the 
normalized user throughput. It is thus a measure of the end-user perceived “quality of service” for the 
5% of the users with the lowest user throughput.

The normalized user throughput for user i is defined as:

γ
χ
ωi

i

iT
�

⋅
,

where Ti is the active session time for user i.
The requirements defined by ITU-R [65] for cell spectral efficiency and cell-edge user spectral 

efficiency are listed in Table 18.4. The requirement levels are shown as dashed lines together with the 
simulated performance values in Figures 18.2 and 18.5.

18.3.3  Performance Numbers for FDD
Simulations for FDD and TDD and for all test environments were submitted for the ITU-R evaluation 
and are also presented here. The numbers here, however, are not identical to the numbers put forward 
to ITU-R in [92], but will be seen as one sample of results from the evaluation in [94].

For FDD, the cell spectral efficiency and cell-edge spectral efficiency are shown in Figure 18.2. 
All results exceed the ITU-R performance requirements in Table 18.4, in some cases by a very good 
margin. For the indoor scenario and the downlink, this is achieved using an uncorrelated antenna con-
figuration together with single-user MIMO. For the other scenarios, a correlated antenna setup and 
intra-site coordinated beam-forming (CBF) with MU-MIMO are used in the downlink. A quite basic 
uplink configuration not utilizing MIMO is used for all environments. It should be noted that the cell-
edge spectral efficiency is highly dependent on the system load and that the ITU-R simulations are 
performed with maximum load and a full buffer model. An example of LTE performance numbers 
including lower and varying loads can be found in [96].

(18.2)

Table 18.4  ITU-R Requirements for IMT-Advanced Spectral Efficiency

Test Environment and 
Corresponding Deployment 
Scenario

Cell Spectral Efficiency (bit/s/Hz/
cell)

Cell-Edge User Spectral 
Efficiency (bit/s/Hz)

Downlink Uplink Downlink Uplink

Indoor (InH) 3 2.25 0.1 0.07

Microcellular (UMi) 2.6 1.8 0.075 0.05

Base coverage, urban (UMa) 2.2 1.4 0.06 0.03

High speed (RMa) 1.1 0.7 0.4 0.015
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The normalized user throughput distributions are given in Figure 18.3 and Signal-to-Noise-and-
Interference Ratio (SINR) distributions are shown in Figure 18.4. The figures demonstrate the impact 
of the very advantageous SINR distributions achieved in the indoor hotspot scenario and to some 
extent also for rural macro, resulting in higher spectral efficiency numbers in those environments.

18.3.4  Performance Numbers for TDD
For TDD, the cell spectral efficiency and cell-edge spectral efficiency are shown in Figure 18.5, while 
normalized user throughput distributions are illustrated in Figure 18.6. There is a small drop in the 
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FIGURE 18.2

FDD cell spectral efficiency and cell-edge user spectral efficiency, compared with ITU-R requirements 
(downlink and uplink).
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FIGURE 18.3

FDD normalized user throughput distributions (downlink and uplink).
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spectral efficiency numbers compared to FDD, but all results exceed the ITU-R performance require-
ments. The difference compared to FDD is due to a higher overhead from the guard period between 
uplink and downlink. The average delay between making measurements in the terminal and receiving 
the measurement result at the base station is also increased compared to FDD, due to the TDD time-
domain structure. This has some impact on the performance of scheduling and link adaptation. The 
channel reciprocity is not utilized in the simulated TDD scheme.
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FDD SINR distributions (downlink and uplink).
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FIGURE 18.5

TDD cell spectral efficiency and cell-edge user spectral efficiency, compared with ITU-R requirements 
(downlink and uplink).
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18.4  CONCLUSION
The simulation results presented in this chapter demonstrate the high potential of LTE/LTE-Advanced 
in terms of both overall spectral efficiency to the benefit of operators and high cell-edge performance 
to the benefit of the end-user. The performance is assessed in four different test environments. The 
results for FDD and TDD in downlink and uplink all exceed the requirements set up by ITU-R for 
the evaluation of IMT-Advanced candidates. In addition, the peak radio-interface data rates and the 
latency achieved by LTE meet the ITU-R requirements.
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TDD normalized user throughput distributions (downlink and uplink).
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Other Wireless Communications 
Systems 19

CHAPTER

Most mobile and cellular systems go through a continuous development of the underlying technology 
and of the features, services, and performance supported. The direction of development is from the 
baseline “narrowband” systems of the 1990s supporting mainly voice services to today’s “wideband” 
systems that target a much wider set of services, including broadband wireless data.

The fundamental technologies introduced in the systems to support new and better performing 
services all fall within the scope of Chapters 2–6 of this book. When the problems to solve are funda-
mentally the same, the solutions engineered tend to be quite similar. Wideband transmission, higher-
order modulation, fast scheduling, advanced receivers, multi-carrier, OFDM, MIMO, etc. have been 
added as continuous developments and, at other times, as more revolutionary steps for the different 
technologies.

The application of these different technical solutions to LTE has been discussed in the previous 
chapters of this book. A similar development is occurring for the other technologies in the IMT-
2000 family. This chapter gives a brief overview of HSPA and GSM, developed in 3GPP, 1xEV-
DO, developed in 3GPP2, and 806.16 m/WiMAX, developed in IEEE in conjunction with WiMAX  
forum.

19.1  HSPA
Wideband Code-Division Multiple Access (WCDMA), also known as Universal Terrestrial Radio 
Access (UTRA), is the dominant third-generation cellular technology, developed by 3GPP with the 
first version of the specifications released in 1999. WCDMA is based on code-division multiple 
access using a chip rate of 3.84 Mchip/s, is originally designed for 5 MHz of spectrum allocation, 
and provides wide-area coverage of data rates1 up to 384 kbit/s in both uplink and downlink. Circuit-
switched as well as packet-switched services are supported.

High-Speed Packet Access (HSPA) is an evolution of the WCDMA radio interface, adding signifi-
cantly enhanced support for packet data by applying technologies such as shared-channel transmis-
sion, channel-dependent scheduling, link adaptation, and hybrid ARQ with soft combining. The first 
version of HSPA appeared in release 5 of the WCDMA standard in 2002, but the specifications have 

1 The specifications support peak data rates of up to 2 Mbit/s in both uplink and downlink, but practical implementations 
typically support up to 384 kbit/s only.
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390 CHAPTER 19  Other Wireless Communications Systems

been updated following a similar release scheme as the LTE specifications. Later versions of HSPA 
include features such as spatial multiplexing, carrier aggregation, and broadcast support. Figure 19.1 
outlines the evolutionary steps of HSPA, which are also summarized below:

l	 Release 5 was the first release of HSPA, introducing the basic set of features (shared-channel 
transmission, channel-dependent scheduling, link adaptation, and hybrid ARQ with soft combin-
ing) in the downlink. Peak data rates up to 14 Mbit/s in the downlink were supported.

l	 Release 6 provided the basic set of features for uplink transmissions, resulting in an uplink peak 
data rate of 5.7 Mbit/s.

l	 Release 7 brought spatial multiplexing of two layers to the downlink, as well as downlink 64QAM 
and uplink 16QAM, to HSPA. Other enhancements in release 7 included continuous packet con-
nectivity to provide better DRX/DTX capabilities and enhanced CELL_FACH to reduce the 
latency associated with state switching.

l	 Release 8 supports simultaneous usage of spatial multiplexing and 64QAM modulation in the 
downlink.

l	 Release 9 introduced carrier aggregation in a similar way as later done for LTE, thereby increas-
ing the HSPA bandwidth to 10 MHz.

l	 Release 10 further increased the bandwidth supported by HSPA to 20 MHz by using four carriers 
in the downlink. The downlink peak data rate is 168 Mbit/s using roughly 20 MHz of spectrum.

As seen from the list above, the performance of HSPA has increased considerably in less than  
10 years since its first incarnation in release 5. The fact that HSPA is an evolution and builds upon the 
basic WCDMA structure sets some constraints on what it is possible to introduce compared to a clean-
slate design such as LTE, but also provides the possibility to gradually improve the performance of an 
already deployed network. This is an important aspect from an operator’s perspective. The evolution is 
still ongoing and HSPA can, in many aspects, provide performance similar to that of LTE.
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Evolution of HSPA.
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HSPA exists in both FDD and TDD versions but, unlike LTE, the two duplex schemes are designed 
more or less independently of each other, resulting in significant differences in the physical-layer 
design. In the following, a brief overview of the most important technology components in the FDD 
version of HSPA is provided, as well as a short summary of the TDD version. For a more detailed 
description of HSPA, see [96].

19.1.1  Architecture
The WCDMA radio-access network architecture, upon which HSPA builds, is different from LTE, 
with the main difference being the existence of a Radio Network Controller (RNC), motivated by the 
support of macro diversity in WCDMA. The functional split between the RNC and the NodeB2 is such 
that the NodeB handles most of the physical-layer processing, while the RNC handles the higher-layer 
protocols and all the radio-resource management. The WCDMA/HSPA radio-access network architec-
ture is illustrated in Figure 19.2.

HSPA to a large extent relies on the same basic features as LTE, such as channel-dependent sched-
uling, hybrid ARQ with soft combining, rate adaptation, etc. These features to a large extent rely on 
rapid adaptation to the instantaneous radio conditions and hence need to be located in the NodeB, 
while the higher-layer protocols reside in the RNC. At the same time, an important design objective of 
HSPA was, as far as possible, to retain the original WCDMA functional split between layers and nodes. 
Minimization of the architectural changes is desirable as it simplifies introduction of HSPA in already 
deployed networks and also secures operation in environments where not all cells have been upgraded 
with HSPA functionality. Therefore, HSPA introduced new MAC sublayers in the NodeB, to handle 
scheduling, rate adaptation, and hybrid-ARQ retransmissions.

Serving cell Non-serving cell

RNC RNC

NodeB

To other Node Bs

HSPA transmission

To other Node Bs

Core Network

FIGURE 19.2

WCDMA/HSPA architecture.

2 In WCDMA/HSPA, the term NodeB is used instead of eNodeB.
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Each terminal using HSPA will receive data from one cell, the serving cell, which is also the cell 
responsible for scheduling. Unlike LTE, uplink soft handover is explicitly supported, in which case 
the uplink data transmission will be received in multiple cells and the terminal will receive power 
control commands from multiple cells.

19.1.2  Channel-Dependent Scheduling
Channel-dependent scheduling is used in HSPA for similar reasons as in LTE, namely to rapidly 
adapt to varying traffic and radio-channel conditions. The basic operation is similar to LTE, with 
scheduling decisions taken by the NodeB once per 2 ms TTI, but the difference in the uplink multiple-
access scheme between HSPA and LTE has particularly affected the scheduling design.

The downlink transmission scheme in HSPA is based on reserving a certain fraction of the total 
downlink radio resources available within a cell, channelization codes and transmission power in the case 
of WCDMA/HSPA, and dynamically scheduling these resources across the users. The shared resource, 
illustrated in Figure 19.3, consists of a set of channelization codes of spreading factor 16. The dynamic 
allocation of the code resource for transmission to a specific user is done on a 2 ms TTI basis (see lower 
part of Figure 19.3). The reasons for a short TTI are similar as for LTE, namely to follow fast channel 
variations and to reduce the overall latency. From a scheduling perspective, using a set of orthogonal 
codes is similar to using a set of orthogonal frequency resources in LTE, and hence the downlink sched-
uling strategy for HSPA is similar to that of LTE. Channelization codes not used for HSPA data transmis-
sion are used for other downlink channels, for example control signaling and non-HSPA services.

Channelization codes used for HSPA transmission
(10 in this example)
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FIGURE 19.3

Shared resource in HSPA downlink – channelization codes.

Petitioners' Exhibit 1003, p. 1344 
AT&T et al v. ASUS Technology & Celerity 

IPR2024-01142



39319.1  HSPA

The uplink transmission scheme, on the other hand, is inherently non-orthogonal and this moti-
vates a different scheduling mechanism than the one used for the orthogonal LTE uplink. The higher 
the data rate a terminal is using, the higher the received power at the NodeB must be to maintain 
the Eb /N0 required for successful demodulation. By increasing the transmission power, the terminal 
can transmit at a higher data rate. However, due to the non-orthogonal uplink, the received power 
from one terminal represents interference when receiving from other terminals due to the use of non-
orthogonal spreading codes in the uplink. Hence, the shared resource in the uplink is basically the 
amount of tolerable interference in the cell. If the interference level is too high, some transmissions in 
the cell, most notably control channels and non-scheduled uplink transmissions, may not be received 
properly. On the other hand, an interference level that is too low may indicate that terminals are arti-
ficially throttled and the full system capacity is not being exploited. Therefore, the task of the uplink 
scheduler is to give users with data to transmit permission to use as high a data rate as possible with-
out exceeding the maximum tolerable interference level in the cell.

The uplink scheduling framework for HSPA is based on scheduling grants sent by the NodeB sched-
uler to control the terminal transmission activity and scheduling requests sent by the terminals to request 
resources. The scheduling grants essentially control the maximum allowed transmission power the ter-
minal may use; a larger grant implies the terminal may use a higher data rate but also contributes more 
to the interference level in the cell. Both multi-bit absolute grants, directly setting the grant level in the 
terminal to the desired level, as well as single-bit relative grants increasing/decreasing the grant level in 
the terminal are supported. Within the limits set by the scheduling grants, the terminals are allowed to 
autonomously select the data rate to use. A terminal not utilizing all its granted resources will transmit at 
a lower power, thereby reducing the intra-cell interference. Hence, shared resources not utilized by one 
mobile terminal can be exploited by another mobile terminal through statistical multiplexing.

For very high data rates, a non-orthogonal transmission scheme may result in relatively large 
amounts of interference from high-rate transmissions to low-rate transmissions. HSPA therefore 
makes it possible to also separate data transmissions in the time domain in the uplink, where termi-
nals are allowed to transmit in certain 2 ms TTIs only. By separating high-rate and low-rate terminals 
in the time domain, the interference problem can be alleviated.

The fact that HSPA supports uplink macro diversity also has an impact on the scheduling frame-
work. Although the scheduling grants are provided to the terminal by the serving cell only, there is 
the chance that neighboring cells may affect the grant level in the terminal. In essence, this is an over-
load indicator, common to multiple terminals, which a cell can set in order to ask terminals in the soft 
handover region to lower their data rates, thereby reducing the interference level in the non-serving cell.

Different data rates in the uplink as well as in the downlink are supported in a similar way as in 
LTE by supporting different modulation orders, up to 16QAM in the uplink and up to 64QAM in the 
downlink, in combination with rate matching to adjust the coding rate. For historical reasons, a 10 ms 
TTI is supported in the uplink in addition to the 2 ms TTI.

19.1.3  Hybrid ARQ with Soft Combining
Fast hybrid ARQ with soft combining in HSPA uses the same structure with multiple, parallel hybrid-
ARQ processes as in LTE. Retransmissions typically take place 12 ms after the initial transmission in 
the downlink. For the uplink, the corresponding figure is 16 ms for a 2 ms TTI (40 ms for a 10 ms TTI).
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Since the RLC is located in the RNC, while the hybrid-ARQ functionality is located in the 
NodeB, a separate reordering mechanism is located in the NodeB to ensure in-sequence delivery of 
received transport blocks to the RLC (in LTE, reordering is an integral part of the RLC).

19.1.4  Control-Plane Latency Reductions
Starting in release 7, mechanisms to reduce the overall latency were introduced in HSPA, more spe-
cifically Continuous Packet Connectivity (CPC) and Enhanced CELL_FACH, to match the bursty 
nature of packet-data traffic.

In WCDMA/HSPA, a terminal can be in one of four different states, URA_PCH, CELL_PCH, CELL_
FACH, and CELL_DCH, ranging from low activity, low power consumption, to high activity and higher 
power consumption. Thus, from a delay perspective it is preferable to keep the terminal in CELL_DCH, 
while from an interference and power-consumption perspective, one of the paging states is preferred. RRC 
signaling, originating from the RNC, is used to move the terminal between the different states.

To improve the packet-data support in HSPA, a set of features known as Continuous Packet 
Connectivity (CPC) was introduced in release 7. CPC consists of three building blocks:

1.	 Discontinuous transmission (DTX), to reduce the uplink interference and thereby increase the 
uplink capacity, as well as to save battery power. Without DTX, the terminal is constantly trans-
mitting on a control channel in the uplink while being in the CELL_DCH state.

2.	 Discontinuous reception (DRX), to allow the terminal to periodically switch off the receiver cir-
cuitry and save battery power.

3.	 HS-SCCH-less operation, to reduce the downlink control signaling overhead for small amounts of 
data, as will be the case for services such as voice-over IP.

The intention with these features is to provide an “always-on” experience for the end-user by 
keeping the terminal in CELL_DCH for a longer time and avoiding frequent state changes to the low-
activity states, as well as improving the capacity for services such as voice-over IP (Figure 19.4).

The purpose of CPC is, as discussed above, to provide an “always-on” user experience by keep-
ing the terminal in the active state CELL_DCH while still providing mechanisms for reduced power 
consumption. However, eventually the terminal will be switched to CELL_FACH if there has been no 
transmission activity for a certain period of time. Once the terminal is in CELL_FACH, signaling on 
the Forward Access Channel (FACH), a low-rate common downlink transport channel, is required to 

Uplink inactivity – gated DPCCH transmissions.Uplink activity – continuous DPCCH

Data
(E-DPDCH)

Control
(DPCCH)

2 ms

Non-continuous transmission reduced interference 

FIGURE 19.4

Simplified illustration of DTX in continuous packet connectivity.

Petitioners' Exhibit 1003, p. 1346 
AT&T et al v. ASUS Technology & Celerity 

IPR2024-01142



39519.1  HSPA

move the terminal to CELL_DCH prior to any data exchange using the HSPA features taking place. 
The physical resources to which the FACH is mapped is semi-statically configured by the RNC and, to 
maximize the resources available for HS-DSCH and other downlink channels, the amount of resources 
(and thus the FACH data rate) is typically kept small, of the order of a few tens of kbit/s.

To reduce the latency associated with state changes, release 7 improved the performance by 
allowing HSPA to be used also in the CELL_FACH state. This is often referred to as Enhanced 
CELL_FACH Operation. Using the high-rate HSPA transmission scheme also in CELL_FACH allows 
for a significant reduction in the delays associated with switching to the CELL_DCH state. Instead of 
using a low-rate semi-statically allocated control channel, the signaling from the network to the ter-
minal can be carried using high-rate HSPA channels. This can result in a significant reduction in call-
setup delay and a corresponding improvement in user perception. In release 8, this is further improved 
by also supporting HSPA functionality in the uplink when being in the CELL_FACH state.

19.1.5  Spatial Multiplexing
Spatial multiplexing in HSPA supports up to two layers in the downlink. Two transport blocks, one 
per layer, are used in multi-stream transmission and HSPA-MIMO is thus a multi-codeword scheme 
(see Chapter 5 for a discussion on single- vs. multi-codeword schemes), allowing for a successive-
interference-cancellation receiver in the terminal.

Similar to LTE, precoding is used prior to transmitting the two layers. Using precoding is benefi-
cial for several reasons, especially in the case of single-stream transmission. In this case, precoding 
provides both diversity gain and array gain as both transmit antennas are used and the weights are 
selected such that the signals from the two antennas add coherently at the receiver. This results in 
a higher received carrier-to-interference ratio than in the absence of precoding, thus increasing the 
coverage for a certain data rate. Furthermore, if a separate power amplifier is used for each physical 
antenna, precoding ensures that both of them are also used in the case of single-layer transmissions, 
thereby increasing the total transmit power.

19.1.6  Carrier Aggregation
In later releases of HSPA, carrier aggregation is supported with up to four carriers in the downlink 
and two carriers in the uplink. A similar structure as for LTE has been adopted, where each carrier in 
principle is independently processed.

19.1.7  UTRA TDD
In parallel to the development of WCDMA and its evolution to HSPA, 3GPP also works on UTRA 
TDD. Although the higher layers are virtually identical between FDD and TDD, the physical-layer 
design is, for historical reasons, quite different. Furthermore, there are three versions of the TDD 
specifications, with the chip rate being one distinguishing factor.

Initially, TDD supported 3.84 Mchip/s only, but later 1.28 and 7.68 Mchip/s versions were added. 
The 3.84 and 7.68 versions share many features, while the 1.28 version, also known as Time-Division-
Synchronous CDMA (TD-SCDMA), is substantially different from the other two. Of the three versions, 
TD-SCDMA is the only version deployed on a larger scale, mainly in China, with the other two versions 
being limited to niche applications.
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TD-SCDMA was primarily developed in China as an industry standard within CCSA. In release 4, 
TD-SCDMA was introduced into 3GPP as an alternative to the 3.84 Mchip/s TDD version. The main 
differences from WCDMA/HSPA are, apart from the use of TDD instead of FDD, the lower chip rate 
and resulting (approximate) 1.6 MHz carrier bandwidth, the optional 8PSK higher-order modulation, a 
different 5 ms time-slot structure, and beam-forming support with eight antennas.

The HSPA enhancements to TD-SCDMA are similar to those applied to FDD, such as the use of 
16QAM higher-order modulation and the use of hybrid ARQ. Some main differences are that, due 
to the TDD frame structure, timing relations are very different and a TTI of 5 ms is used. In general, 
UTRA TDD development is completed at a later stage in the 3GPP standardization process compared  
to FDD.

Some features found in TD-SCDMA originate from the work within the CCSA [99], including:

l	 Multi-frequency operation. In this mode, multiple 1.28 Mchip/s carriers are supported in one cell, but 
BCH is only sent on one carrier called primary frequency, in order to decrease inter-cell interference. 
The carrier on the primary frequency contains all common channels while traffic channels can be on 
both primary and secondary carriers. Each terminal still operates on a single 1.6 MHz carrier.

l	 Beam-forming improvement. Angle-of-arrival parameters for beam-forming can be signaled in the 
RACH and FACH data frames.

l	 Multi-carrier HSPA. In a cell using multi-carrier HSPA, data can be transmitted to a terminal on 
more than one carrier. There is a UE capability defined for receiving up to six carriers.

As discussed in Chapter 9, the LTE TDD mode has been designed to ease coexistence with and 
migration from TD-SCDMA.

19.2  GSM/EDGE
Worldwide GSM deployment started in 1992 and GSM quickly became the most widely deployed 
cellular standard in the world, with more than 2.5 billion subscribers today. A major evolutionary step 
for GSM was initiated in late 1996, at the same time as UTRA development started in ETSI. This 
step sprung out of the study of higher-order modulation for a 3G TDMA system that was performed 
within the European FRAMES project (see also Chapter 1).

The enhancement of GSM is called EDGE (Enhanced Data Rates for GSM Evolution). The EDGE 
development was initially focused on higher end-user data rates by introducing higher-order modula-
tion in GSM, both for circuit-switched services and the GPRS packet-switched services. During the 
continued work, focus moved to the enhancement of GPRS (EGPRS), where other advanced radio-
interface components were added, including link adaptation, hybrid ARQ with soft combining, and 
advanced scheduling techniques, as described in Chapter 6 of this book. In this way GSM became the 
first cellular standard to add such enhancements,3 later followed by WCDMA/HSPA, CDMA2000, and 
other technologies. GSM/EDGE is, however, a more narrowband technology than WCDMA/HSPA and 
CDMA2000, implying that the peak data rates achievable are not as high. HSPA and CDMA2000 have, 

3 The first cellular technology to deploy higher-order modulation was iDEN, which uses “M-16QAM”. It is, however, a 
proprietary technology and as such is not standardized.
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however, added a time-division structure to make full use of advanced scheduling techniques for high-
rate data services. Being a TDMA system, EDGE already has a time-division structure.

19.2.1  Objectives for GSM/EDGE Evolution
An evolved GSM/EDGE standard is developed in 3GPP based on a feasibility study for an “Evolved 
GSM/EDGE Radio Access Network (GERAN)” [100]. The objective is to improve service perform-
ance for GERAN for a range of services, including interactive best-effort services as well as conver-
sational services including voice-over IP.

The Evolved GERAN is compatible with the existing GSM/EDGE in terms of frequency planning 
and coexistence with legacy terminals. It also reuses the existing network architecture (Figure 19.5) 
and has minimum impact on the BTS, BSC, and core network hardware. For the standardization of 
Evolved GERAN, a number of performance targets were set [100]:

l	 Improved spectrum efficiency. The target is a 50% increase in an interference-limited scenario 
(measured in kbit/s/MHz/cell for data or Erlang/MHz/cell for voice).

l	 Increased peak data rates. The target is a 100% increase in both downlink and uplink.
l	 Improved coverage for voice and data. The target is a sensitivity increase of 3 dB in downlink 

(noise-limited scenario).
l	 Improved service availability. The target is a 50% increase in mean data rate for uplink and down-

link at cell edges (when cells are planned for voice).
l	 Reduced latency. The target is a round-trip time (RTT) of less than 450 ms for initial access and 

less than 100 ms after initial access (in non-ideal radio conditions, counting from the terminal to 
the GGSN and back, as shown in Figure 19.5).

BTS

MSC/
VLR

SGSN

GMSC

Backbone
IP network GGSN

External
IP network

GPRS
register

HLR

PSTN
Public NW

EDGE
capable

Affected by
EDGE introduction

BSC

FIGURE 19.5

GSM/EDGE network structure.
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A number of alternative solutions were studied in 3GPP to achieve the performance and compat-
ibility targets listed above. These are not fundamentally different from the solutions selected for LTE 
or other technologies and are all described in a more general context in Chapters 2–6 of this book. 
The technologies chosen for standardization in 3GPP for GERAN Evolution were:

l	 Dual-antenna terminals
l	 Multi-carrier EDGE
l	 Reduced TTI and fast feedback
l	 Improved modulation and coding
l	 Higher symbol rates.

The specific application of these technologies to GERAN is discussed below. The solutions are 
included in release 7 of the GSM/EDGE specifications.

19.2.2  Dual-Antenna Terminals
As was shown in Chapter 5, multiple receiver antennas are an effective means against multipath fading 
and to provide an improved signal-to-noise ratio through “energy gain” when combining the antenna 
signals. There will thus be improvements for both interference-limited and noise-limited scenarios. 
There are also possibilities for interference cancellation through multiple antennas. While multiple 
antennas have an implementation impact for the terminal, there is no impact on the base-station hard-
ware or software.

For GSM/EDGE, a dual-antenna solution called Mobile Station Receive Diversity (MSRD) is 
standardized. Analysis shows that a dual-antenna solution in GSM terminals can give a substantial 
coverage improvement of up to 6 dB. In addition, the dual-antenna terminals could potentially handle 
almost 10 dB more interference [79,101].

19.2.3  Multi-Carrier EDGE
The GSM radio interface is based on a TDMA structure with eight time slots and 200 kHz carrier 
bandwidth. To increase data rates, today’s GPRS and EDGE terminals can use multiple time slots for 
transmission, reception, or both. Using 8PSK modulation (Figure 19.6) and assigning the maximum 
of eight time slots, the GSM/EDGE standard gives a theoretical peak data rate of close to 480 kbit/s. 
However, from a design and complexity point of view, it is best to avoid simultaneous transmission 
and reception. Today’s terminals typically receive on a maximum of five time slots because they must 
also transmit (on at least one time slot) as well as measure the signal strength of neighboring cells.

To increase data rates further, multiple carriers for the downlink and the uplink can be introduced, 
similar to what is discussed in Chapter 2. This straightforward enhancement increases peak and mean 
data rates in proportion to the number of carriers employed. For example, given two carriers with 
eight time slots each, the peak data rate will be close to 1 Mbit/s. Using dual carriers can be seen as a 
straightforward extension of the multi-slot principle, allowing a multi-slot configuration to span more 
than one carrier. The limiting factor in this case is the complexity and cost of the terminal, which 
must have either multiple transmitters and receivers or a wideband transmitter and receiver. The use 
of multiple carriers has only a minor impact on base transceiver stations. A dual-carrier downlink 
solution is standardized in release 7 of the GSM/EDGE standard.
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19.2.4  Reduced TTI and Fast Feedback
Latency is usually defined as the round-trip time over the radio-access network. It has a major influ-
ence on user experience, and conversational services such as voice and video telephony especially 
require low latency, but services such as web browsing and e-mail download are also improved con-
siderably. A major parameter in the radio interface that has an impact on latency is the Transmission 
Time Interval (TTI), as discussed for LTE in Chapter 8. It is difficult to substantially improve latency 
without reducing the TTI.

The round-trip time (RTT) in GSM/EDGE networks can be 150 ms [101], including network delays 
but not retransmissions over the radio interface. Radio blocks are transmitted interleaved over four con-
secutive bursts on one assigned time slot over 20 ms. In GSM/EDGE evolution, a reduced TTI with 
radio blocks interleaved over four consecutive bursts assigned on two time slots in 10 ms is introduced. 
This reduction of the TTI from 20 to 10 ms can reduce the round-trip time from 150 to less than 100 ms 
[101]. Multiplexing of users with the two different interleaving schemes is also possible on the same 
RF carrier.

Faster responses to incorrectly received radio blocks speed up the retransmission of radio blocks and 
can also help in reducing the latency. In GSM/EDGE evolution, a fast ACK/NACK reporting mecha-
nism is introduced to reduce time for the network to realize that a block is lost. ACK/NACK reports can 
also “piggy-back” on user data, which reduces the overhead. Combined with the shorter TTI, the total 
time to retransmit lost radio blocks is thus reduced significantly and the throughput is increased.
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76,8 kbit/s per TS 98.4 kbit/s per TS or
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FIGURE 19.6

Existing and new modulation schemes for GSM/EDGE. The highest specified radio-interface data 
rate using GPRS is shown for each scheme [101]. Note that the view of the nonlinear binary GMSK 
scheme is simplified in the figure.
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19.2.5  Improved Modulation and Coding
The main evolutionary step taken for GSM when EDGE was introduced was the higher-order modu-
lation to enhance the data rates over the radio interface – Enhanced Data Rates for GSM Evolution. 
16QAM was considered for EDGE, but 8PSK was finally chosen as a smooth evolutionary step that 
gives three bits per modulated symbol instead of one. This increases the peak data rate from approxi-
mately 20 to 60 kbit/s per time slot.

Figure 19.6 shows the further steps that are standardized for Evolved EDGE, giving 4 bits/sym-
bol for 16QAM and 5 bits/symbol for 32QAM. Since the signal points in the new schemes move 
more closely together, they are more susceptible to interference. With more bits per symbol, however, 
the higher data rates allow for more robust channel coding, which can more than compensate for 
the increased susceptibility to interference. QPSK modulation with 2 bits/symbol is also included in 
Evolved GSM/EDGE, but used only with the higher symbol rate described below.

Both GSM and EDGE use convolutional codes, while Turbo codes are also standardized for Evolved 
EDGE. Decoding Turbo codes is more complex than regular convolutional codes. However, since Turbo 
codes are already used today for WCDMA and HSPA, and many terminals support both GSM/EDGE 
and WCDMA/HSPA, the decoding circuitry for Turbo codes already exists in the terminals and can be 
reused for EDGE.

Turbo codes perform well for large code-block sizes, making them better suited for higher data rate 
EDGE channels using 8PSK or higher-order modulation. It is estimated that, compared to the existing 
EDGE scheme with 8PSK modulation, the combination of Turbo codes and 16QAM improves the user 
data rates 30–40% for the median user in a system [100]. Turbo codes are standardized for the down-
link in release 7 of GSM/EDGE.

19.2.6  Higher Symbol Rates
The modulation can also be improved by simply increasing the modulation symbol rate. As a part of 
GERAN Evolution in 3GPP, the combination of higher-order modulation and a 20% increase in sym-
bol rate has been standardized [102]. For both uplink and downlink, two “levels” of terminal capabili-
ties are defined, called Levels A and B. Each level defines a set of modulation schemes, where Level 
B also applies the higher symbol rate for some modulation schemes. Table 19.1 shows the combina-
tions that are defined.

The higher symbol rate of 325 ksymbol/s will operate with the same nominal carrier bandwidth 
and carrier raster as legacy GERAN having 271 ksymbols/s, which puts some requirements on the 

Table 19.1  Combinations of Modulation Schemes and Symbol Rates in GSM/EDGE Evolution

Terminal Capability Symbol Rate (ksymbols/s) Modulation Schemes

Uplink Level A 271 GMSK, 8PSK, 16QAM

Uplink Level B 271 GMSK

325 QPSK, 16QAM, 32QAM

Downlink Level A 271 GMSK, 8PSK, 16QAM, 32QAM

Downlink Level B 271 GMSK

325 QPSK, 16QAM, 32QAM
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transmitter filter. The amount of transmitter filtering has to be weighed against the receiver complex-
ity and performance, and the amount of interference in adjacent channels. An alternative wider Tx 
filter has been standardized for the uplink. A wider Tx filter is also studied for the downlink.

19.2.7  Voice Service over Adaptive Multi-User Channels
The focus of GSM/EDGE evolution has been improvements of the data services through higher spectral 
efficiency and increased peak data rates. At the same time, voice is still a predominant service for many 
operators and an improvement of voice performance is also desirable. Earlier improvements of voice 
capacity have mainly been in the voice coding area, where half-rate voice coding was a major step 
taken in earlier releases. There are eight time slots in the GSM TDMA frame structure, with one full-
rate or two half-rate users occupying each slot.

For release 9 of the GERAN specification, multi-user channels on each time slot were investigated 
and a new mode called Voice services over Adaptive Multi-user channels (VAMOS) was introduced 
[103]. In VAMOS mode, two users are multiplexed on the same physical resource – that is, on the 
same frequency and TDMA time slot. The two users form a VAMOS pair, each user being mapped on 
one VAMOS subchannel. In the uplink, each subchannel is modulated with GSMK. In the downlink, 
a new Adaptive Quadrature Phase-Shift Keying (AQPSK) modulation scheme is used jointly for the 
two subchannels. The two subchannels in a VAMOS pair have different training sequences to facili-
tate joint demodulation of the two subchannels.

The AQPSK modulation scheme shown in Figure 19.7 is used in the downlink when both 
subchannels in a VAMOS pair have a burst scheduled for transmission. The bits from one subchan-
nel in the VAMOS pair are mapped on the first bit that forms the QPSK constellation (correspond-
ing to I) and the bits from the second user subchannel are mapped on the second bit (corresponding 
to Q). Depending on the choice of the parameter α, the power ratio between the two subchannels 
mapped on I and Q can be controlled, thereby providing partially independent power control of the 
two subchannels.

Use of the VAMOS mode was studied in detail by GERAN [103], with the conclusion that there is 
no harmful degradation of voice services for legacy users.

AQPSK

I

Q

αα

FIGURE 19.7

The AQPSK modulation scheme used in the downlink 
for two users forming a VAMOS pair.
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19.3  CDMA2000 AND HRPD/1x EV-DO
CDMA2000 evolved as a cellular standard under the name IS-95 and later became a part of the 
IMT-2000 family of technologies described in Chapter 1. When it became a more global IMT-2000 
technology, the name was changed to CDMA2000 and the specification work was moved from the 
US Telecommunications Industry Association (TIA) to 3GPP2. Being a sister organization to 3GPP, 
3GPP2 is responsible for CDMA2000 specifications.

The CDMA2000 standard is going through an evolution similar to that of WCDMA/HSPA. In the 
different evolutionary steps, the same gradual shift of focus from voice and circuit-switched data to 
best-effort data and broadband data can be seen as for WCDMA/HSPA. The basic principles used are 
also very similar to those found in HSPA.

The evolutionary steps of CDMA2000 are shown in Figure 19.8. After the CDMA2000 1x stand-
ard was formed as an input to ITU for IMT-2000, two parallel evolutionary tracks were initiated for 
better support of data services. The first one was EV-DO (Evolution-Data Only),4 which has contin-
ued to be the main track, as further described below. It is also called HRPD (High-Rate Packet Data). 
A parallel track was EV-DV (Evolution for integrated Data and Voice), developed to give parallel 
support of data and circuit-switched services on the same carrier. It is not used at the moment and has 
not been developed further within 3GPP2.
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3.1 Mbit/s FL

2004: Rev D
1.8 Mbit/s RL

2009:
Rev E

1xIS-95

1997:
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2.4 Mbit/s FL
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2004: Rev A
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1.8 Mbit/s RL

2006: Rev B
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1.25-20 MHz
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280/129 in 20 MHz

UMB
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FIGURE 19.8

The evolution from IS-95 to CDMA2000 1x and 1x EV-DO.

4 The abbreviation “DO” is also interpreted as “Data Optimized”, since the EV-DO carrier targets data services.
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The figure also illustrates UMB (Ultra Mobile Broadband), an OFDM-based standard including 
support for multi-antenna transmission and channel bandwidths up to 20 MHz. It is similar to LTE in 
terms of the technologies and features used, with one main difference that UMB uses OFDM in the 
uplink while LTE uses single-carrier modulation. UMB is not backwards compatible with CDMA2000. 
At the moment UMB is not used, and has not been developed further within 3GPP2, but some features 
from UMB, most notably the OFDM-based multi-antenna schemes, have subsequently been the basis 
for the corresponding features in EV-DO Rev C.

19.3.1  CDMA2000 1x
The CDMA2000 standard, which originally supported both a single-carrier (1x) and a multi-carrier (3x) 
mode, was adopted by ITU-R under the name IMT-2000 CDMA Multi-Carrier (MC) [2]. It offers sev-
eral improvements over the earlier versions of IS-95 that give better spectral efficiency and higher data 
rates. The most important aspect from a 3G evolution perspective, however, is that 1x has been a plat-
form for further evolution of packet-data modes, as shown in Figure 19.8. While 1x EV-DV is not under-
going any new development, 1x EV-DO is deployed today and is going through several new evolutionary 
steps in Rev 0, Rev A, Rev B, and Rev C that are described further below. While all steps up to Rev A 
are fundamentally based on direct sequence spread spectrum and a 1.25 MHz carrier bandwidth, Rev B 
and Rev C diverge from this by including wider carrier bandwidths and for Rev C also OFDM operation.

The 3x mode of CDMA2000 was never deployed in its original form, but was still an essential 
component of the submission of CDMA2000 to the ITU-R. However, multi-carrier CDMA is today 
once again included in the CDMA2000 evolution through EV-DO Rev B.

The 1x version of CDMA2000 (that is, not the EV-DO/HRPD track in Figure 19.8) has evolved 
into Rev E (the letters C and D were used for the EV-DV versions). Compared to Rev B, several small 
enhancements have been introduced in order to increase the voice capacity. Receiver requirements 
have also been defined to facilitate terminals simultaneously receiving circuit-switched voice call on 
one CDMA2000 carrier and packet data on EV-DO carriers.

19.3.2  1x EV-DO Rev 0
EV-DO Rev 0 defines a new uplink and downlink structure for CDMA2000 1x, where DO originally 
implied “Data Only”. The reason is that an EV-DO carrier has a structure optimized for data that does 
not support the voice and circuit-switched data services of a CDMA2000 1x carrier. In this way, the 
whole carrier works as a shared downlink resource for data transmission. An operator would deploy 
an additional carrier for EV-DO, thereby separating circuit-switched and packet-switched connections 
on different carriers. A drawback is reduced flexibility in that there cannot be a simultaneous packet-
data and legacy circuit-switched service (such as voice) to the same user on one carrier. 1x EV-DO 
has later also been named HRPD (High-Rate Packet Data).

With EV-DO Rev 0, a peak data rate of 2.4 Mbit/s is supported in the downlink on a 1.25 MHz 
carrier. There are several components in EV-DO Rev 0, several of which have similarities with the 
HSPA evolution described in Section 19.1:

l	 Shared-channel transmission. EV-DO Rev 0 has a Time-Division Multiplexing (TDM) downlink, 
with transmission to only one user at the time with the full power of the Base Station (BS). This 
makes the downlink a resource that is shared between the users in the time domain only. This is 
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similar to the “shared-channel transmission” for HSPA, with the difference that HSPA can also 
share the downlink in the code domain, primarily with non-HSPA users.

l	 Channel-dependent scheduling. The adaptive data scheduler of EV-DO Rev 0 takes into account 
fairness, queue sizes, and measures of the channel state. It thereby exploits multi-user diversity in 
fading channels in a way similar to the channel-dependent scheduling used in HSPA.

l	 Short TTI. The TTI is reduced from 20 ms in CDMA2000 to 1.67 ms in EV-DO Rev 0. This is impor-
tant to enable fast channel-dependent scheduling and rapid retransmissions, also resulting in lower 
latency. The TTI for EV-DO Rev 0 is thereby of the same order as the 2 ms TTI used for HSPA.

l	 Rate control. EV-DO Rev 0 employs rate control through adaptive modulation and coding, 
thereby maximizing the throughput for a given channel condition. This is similar to HSPA, but 
an EV-DO base station follows the rate request from the mobile, while in HSPA the feedback is a 
recommendation and the NodeB takes the final decision.

l	 Higher-order modulation. EV-DO Rev 0 supports 16QAM modulation in the downlink, which is 
similar to the first HSPA release.

l	 Hybrid ARQ. The EV-DO Hybrid-ARQ scheme is similar to the scheme used for HSPA.
l	 Virtual SOHO. EV-DO Rev 0 does not use soft handover in the downlink like CDMA2000. 

Instead, the terminal supports “virtual soft handover” via adaptive server selection initiated by the 
terminal, which can be seen as fast cell selection within the “active set” of base stations. These 
server changes may result in some packet transmission delays [104].

l	 Receive diversity in the mobile. EV-DO Rev 0 has terminal performance numbers specified assum-
ing receive diversity, similar to performance requirements specified for HSPA advanced receivers.

19.3.3  1x EV-DO Rev A
The next step in the evolution of CDMA2000 is 1x EV-DO Rev A. The focus is on an uplink 
improvement similar to the enhanced uplink of HSPA, but it also includes an updated downlink, a 
more advanced quality-of-service handling, and an add-on multicast mode [104].

The downlink of EV-DO Rev A is based on the EV-DO Rev 0 downlink, with the following 
differences:

l	 Higher peak rates. EV-DO Rev A downlink supports 3.1 Mbit/s as compared to the 2.4 Mbit/s of 
EV-DO Rev 0. Rev A also offers a finer quantization of data rates.

l	 Shorter packets. New transmission formats for EV-DO Rev A enable 128-, 256-, and 512-bit 
packets. This, together with new multi-user packets, where data to multiple terminals share the 
same packet in the downlink, improves support for lower-rate, delay-sensitive services.

The major enhancements in EV-DO Rev A compared to Rev 0 are in the uplink. This results in 
a more packet-oriented uplink with higher capacity and data rates. Peak uplink data rates of up to 
1.8 Mbit/s are supported:

l	 Higher-order modulation. In addition to BPSK modulation in EV-DO Rev 0, the uplink physical 
layer of Rev A supports QPSK and optionally 8PSK modulation.

l	 Hybrid ARQ. Improved performance is achieved through an uplink hybrid ARQ scheme, similar 
to HSPA.

l	 Reduced latency. The use of smaller packet sizes and a shorter TTI enables a reduced latency of 
up to 50% compared to EV-DO Rev 0 [105].
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l	 Capacity/latency trade-off. Each packet can be transmitted in one of two possible transmission 
modes: LoLat gives low latency through a higher power level, ensuring that the packet is received 
within the latency target, while HiCap gives higher total capacity by allowing for more retrans-
missions and lower transmit power levels. A similar effect can be obtained in HSPA through dif-
ferent HARQ profiles [96].

19.3.4  1x EV-DO Rev B
The next step for the 1x EV-DO series of standards is Rev B, which enables higher data rates by 
aggregation of multiple carriers. This fundamental way of increasing the data rate is also discussed in 
Chapter 2. Rev B permits up to sixteen 1.25 MHz carriers to be aggregated, forming a 20 MHz wide 
system [106], and giving a theoretical peak data rate of up to 46.5 Mbit/s in the downlink. For reasons 
of cost, size, and battery life, Rev B devices will most likely support up to three carriers [105], giving 
a peak downlink data rate of 9.3 Mbit/s.

The lower layers of the radio interface are similar to and compatible with those in Rev A, making 
it possible for both single-carrier Rev 0 and Rev A terminals to function on a Rev B network that sup-
ports multi-carrier operation.

Carriers do not have to be symmetrically allocated in the uplink and the downlink. For asymmetric 
applications such as file downloads, a larger number of carriers can be set up for downlink than for 
uplink. This reduces the amount of overhead for the uplink transmission. One uplink channel can carry 
feedback information for multiple forward link channels operating on multiple downlink carriers to a 
single terminal in asymmetric mode.

19.3.5  1x EV-DO Rev C
The latest step in the evolution of 1x EV-DO is Rev C, which introduces both smaller software-based 
enhancements as well as larger enhancements requiring hardware modifications.

The major new features in Rev C are inclusion of OFDM and support for spatial multiplexing. 
OFDM is supported in the forward link only. A subcarrier spacing of 6.8 kHz is used, resulting in 
an OFDM symbol duration of 162.76 μs including a cyclic prefix of 16.28 μs. OFDM- and CDMA-
based transmissions are time multiplexed to support Rev C and legacy terminals on the same carrier.

Spatial multiplexing supports up to four transmission layers in the forward link. Forward-link spa-
tial multiplexing is only supported in conjunction with OFDM. In the reverse link, which only supports 
CDMA-based transmission, up to two layers are supported together with codebook-based precoding under 
control of the base station. Higher-order modulation in the reverse link has been increased to 64QAM.

19.4  IEEE 802.16E, MOBILE WiMAX AND 802.16 m
The IEEE 802.16 family of radio-access technologies is developed by IEEE, initially targeting fixed 
wireless access applications but later being extended to also support mobility, thus providing a radio-
access technology that can be used to offer mobile-data/broadband services.

The initial 802.16 specification was designed for line-of-sight operation in the 10–60 GHz fre-
quency range. The next revision, 802.16a, introduced support for non-line-of-sight operation with 
focus on the 2–11 GHz frequency range, but still targeting the fixed-wireless-access application. 
Support for mobility was introduced as part of IEEE 802.16e, finalized in December 2005. 802.16e 
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is the basis for all currently commercial mobile-data networks based on the 802.16 technology. Part 
of 802.16e has also, at a relatively late stage (2007), been approved by the ITU as an additional IMT-
2000 technology in parallel with WCDMA/HSPA, TD-SCDMA, and CDMA2000/1xEV-DO. The 
802.16e-based IMT-2000 technology is only supporting TDD operation and is, in the ITU, referred to 
as IMT-2000 OFDMA TDD WAN.

The latest step taken within the IEEE 802.16 community is the development of the 16 m version 
of the specification (IEEE 802.16 m), a key goal of which was to ensure compliance with the ITU 
requirements on IMT-Advanced [65]. In October 2010, 802.16 m was approved by the ITU as a second 
IMT-Advanced-compliant technology under the name WirelessMAN-Advanced, in parallel with LTE/
LTE-Advanced.

The IEEE 802.16 specifications cover only the physical and MAC layers of the overall proto-
col stack, with no definition of higher layers. Furthermore, the 802.16 specifications contain an 
extremely large set of different features, often serving essentially the same purpose but doing it in 
different ways, including even multiple alternatives for the basic physical-layer transmission scheme. 
Including all these options and alternative features in a mobile terminal is not feasible. Thus, it is 
generally accepted that the 802.16 specifications in themselves do not provide a complete and imple-
mentable specification for a mobile-communication system.

The WiMAX forum is an industry-led, non-profit cooperation formed to promote and certify compat-
ibility and interoperability of 802.16-based products. As part of this, the WiMAX forum selects the set 
of features, from the full set of features specified by the IEEE, that should be included in any equipment 
that conforms to the different WiMAX System Profiles. The first such profile, System Profile Release 1.0, 
was published in 2007, with the second profile, System Profile Release 1.5, finalized in 2009. System 
Profile Release 2.0 corresponds to the 802.16 m specifications currently under development.

The system profiles for 802.16e developed by the WiMAX forum are also, jointly, often referred 
to as Mobile WiMAX or just WiMAX.

19.4.1  IEEE 802.16e and Mobile WiMAX
Although IEEE 802.16 includes several alternatives for the basic physical-layer transmission scheme, 
including both OFDM and single-carrier transmission, Mobile WiMAX is based on OFDM trans-
mission supporting different bandwidths for both uplink and downlink. In contrast to LTE, which is 
based on a single numerology for all transmission bandwidths, different bandwidths of 802.16e may 
correspond to partly different numerology, including different subcarrier spacing. However, the main 
focus of Mobile WiMAX has been on the 5 and 10 MHz bandwidths,5 both corresponding to a sub-
carrier spacing Δf < 10.94 kHz and only differing in the number of subcarriers within the transmis-
sion bandwidth. Note that, although wider bandwidths are supported by the 802.16e specifications, 
10 MHz is the maximum transmission bandwidth supported by the current Mobile WiMAX profiles.

802.16e includes support for both TDD and FDD operation, including the possibility for half-duplex 
FDD (see Chapter 9 for a discussion on half-duplex FDD in the context of LTE). However, WiMAX 
has mainly focused on the TDD mode of operation. In particular, TDD was the only duplex operation 
supported by the first WiMAX release (1.0). Also, as already mentioned, the WiMAX/802.16e-based 

5 There are additional bandwidths supported by Mobile WiMAX, more specifically 3.5, 7.5, and 8.75 MHz.
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IMT-2000 standard only supports TDD operation. This overview will therefore focus on the TDD mode 
of operation for Mobile WiMAX.

As illustrated in Figure 19.9, in the time domain, a 5 ms frame6 is divided into two parts, a down-
link part and an uplink part, together consisting of 48 OFDM symbols.7 With one symbol used as 
preamble, there is a maximum of 47 symbols available for downlink and uplink transmission. These 
symbols can be assigned for downlink and uplink transmission respectively, by means of a number 
of defined downlink/uplink configurations, ranging from 32:12 (35 downlink symbols and 12 uplink 
symbols) to 26:21 (26 downlink symbols and 21 uplink symbols). This only leaves a very small time 
available for downlink/uplink switching. If additional switching time is needed, for example to handle 
large cells, one can simply discard a number of symbols at the end of the downlink part of the frame.

Downlink control signaling for scheduling and hybrid-ARQ operation is transmitted at the begin-
ning of the downlink part. Hence, unlike LTE, where such control signaling can be provided in each 
downlink subframe, in 802.16e such control signaling can be provided once per 5 ms frame only. 
Hybrid ARQ with soft combining is also supported both in 802.16 and by Mobile WiMAX. However, 
in contrast to HSPA and LTE, the first Mobile WiMAX releases only support Chase combining and 
not incremental redundancy.

Similar to LTE, 802.16e and Mobile WiMAX supports QPSK, 16QAM, and 64QAM8 data modu-
lation, providing spectral efficiency up to 6 bit/s/symbol. Also similar to LTE, adaptive modulation and 
coding (“link adaptation”) can be used to adjust the modulation scheme and coding rate, and thus the 
data rate, to match the instantaneous channel conditions. The 802.16e specifications support a range of 
channel coding schemes, including both Turbo codes, similar to HSPA and LTE, and so-called LDPC 
codes [53]. However, LDPC codes are not supported in current Mobile WiMAX releases.

802.16e allows for mapping of data to the basic OFDM time–frequency grid in different ways to 
achieve diversity either by means of resource allocations that spread the coded information in the fre-
quency domain, or optimization for channel-dependent scheduling and link adaptation by concentrat-
ing the transmission in the frequency domain. The different resource assignment schemes can be used 

6 Additional frame lengths are specified in 802.16e. However, 5 ms is the only frame length included in the Mobile WiMAX 
profiles.
7 This assumes a cyclic-prefix length of approximately 11.4 μs. The 802.16e specifications include both larger and smaller 
cyclic-prefix lengths, corresponding to somewhat less/more OFDM symbols within a 5 ms frame. However, these cyclic-
prefix lengths are not part of the Mobile WiMAX system profiles.

One frame (5 ms)

DL part (NDL symbols) UL part (NUL symbols)

Preamble 
symbol

FIGURE 19.9

Basic frame structure for IEEE802.16e/Mobile WiMAX (NDL:NUL  29:18).

8 64QAM for the uplink is not supported/mandatory in the first Mobile WiMAX releases.
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within the same subframe by dividing the subframe into different time-domain regions or “zones”. 
Uplink channel-dependent scheduling was not part of the first release of Mobile WiMAX but was 
added in later releases.

A wide range of multi-antenna transmission schemes are included in 802.16e. Already since the 
first release (1.0), Mobile WiMAX has included a subset of these, more specifically open-loop spa-
tial multiplexing. Later releases have introduced additional multi-antenna transmission techniques for 
both downlink and uplink.

19.4.2  IEEE 802.16 m – WiMAX for IMT-Advanced
The work on 802.16 m was initiated with the aim to extend the family of 802.16 radio-access tech-
nologies and ensure fulfillment of the IMT-Advanced requirements defined by the ITU.

In contrast to LTE-Advanced being an evolution of LTE release 8/9, 802.16 m is not a direct evo-
lution of 802.16e, adding new complementary features to extend the performance and capabilities of 
the radio-access technology. Rather, 802.16 m is, in many respects, a new radio-access technology 
although retaining several of the basic characteristics of 802.16e, including the basic OFDM numer-
ology. This also implies that 802.16e and 802.16 m can coexist on the same carrier by means of time 
multiplexing the two radio-access technologies within the 802.16e 5 ms frame structure. In contrast, 
earlier releases of LTE are included as integrated parts of LTE release 10, providing a more straight-
forward backwards compatibility and support of legacy terminals, for example.

Technology wise, 802.16 m introduces many features similar to LTE release 10, including the use 
of multi-carrier transmission (carrier aggregation) for bandwidths beyond 20 MHz and support for 
relaying functionality.

802.16 m also introduces substantially shorter subframes of length roughly 0.6 ms to reduce hybrid-
ARQ round-trip time and, in general, allow for reduced latency over the radio interface.

Regarding the resource assignment, 802.16 m does not support the resource mapping schemes speci-
fied for 802.16e.9 Rather, 802.16 m introduces physical resource units consisting of a number of fre-
quency-contiguous subcarriers during one subframe, very similar to the LTE resource blocks. Actually, 
the number of subcarriers in a resource unit equals 18 which, together with the subcarrier spacing of 
10.94 kHz, results in a resource unit with a bandwidth that is very similar to the LTE resource-block 
bandwidth of 180 kHz. Above the physical resource units are logical resource units that can be dis-
tributed or localized, where distributed resource units are used for cases when frequency diversity is 
used. Once again, this is very similar to LTE localized and distributed resource mapping, as described 
in Chapter 10.

Taking into account the many similarities between LTE and 802.16 m, it is not surprising that per-
formance evaluations indicate similar performance of the two radio-interface technologies. Thus, sim-
ilar to LTE, 802.16 m also fulfils all the requirements for IMT-Advanced as defined by the ITU.

As already mentioned, 802.16 m was approved by the ITU in October 2010, as a second IMT-
Advanced-compliant technology under the name WirelessMAN-Advanced. Thus, similar to LTE, IEEE 
802.16 m can also be seen as a fully compliant 4G technology.

9 They can, of course, be supported on a 802.16 m carrier as part of 802.16e/802.16 m time multiplexing.
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19.5  SUMMARY
The IMT-2000 technologies and the other technologies introduced above are developed in different 
standardization bodies, but all show many commonalities. The reason is that they target the same type 
of application and operate under similar conditions and scenarios. The fundamental constraints for 
achieving high data rates, good quality of service, and system performance will require that a set of 
efficient tools are applied to reach those targets.

The technologies described in Chapters 2–6 of this book form a set of such tools and it turns out that 
many of these are applied across most of the technologies discussed here. To cater for high data rates, 
different ways to transmit over wider bandwidth is employed, such as single- and multi-carrier transmis-
sion including OFDM, often with the addition of higher-order modulation. Multi-antenna techniques 
are employed to exploit the “spatial domain”, using techniques such as receive and transmit diversity, 
beam-forming, and multi-layer transmission. Most of the schemes also employ dynamic link adaptation 
and scheduling to exploit variations in channel conditions. In addition, coding schemes such as Turbo 
codes are combined with advanced retransmission schemes such as hybrid ARQ.

As mentioned above, one reason that solutions become similar between systems is that they target 
similar problems for the systems. It is also true to some extent that some technologies and their cor-
responding abbreviations go in and out of “fashion”. Most 2G systems were developed using TDMA, 
while many 3G systems are based on CDMA and the evolution towards 4G is based on OFDM. Another 
reason for this stepwise shift of technologies is of course that as technology develops, more complex 
implementations are made possible. A closer look at many of the evolved wireless communication sys-
tems of today also shows that they often combine multiple techniques from previous steps, and are built 
on a mix of TDMA, OFDM, and spread spectrum components.
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Final Thoughts 20
CHAPTER

The focus of this book has been on the LTE radio-access technology, from the first version in release 8,  
via release 9 to release 10. LTE release 10 is the latest version of the LTE radio-access specifications, 
sometimes also referred to as LTE-Advanced and approved by the ITU as the first IMT-Advanced 
technology.

The basic technologies described in Chapters 2–6 served as a foundation for the detailed dis-
cussion and explanation of the LTE radio-access technology in the subsequent chapters, providing 
information about the LTE radio-network architecture, the basic transmission structure, and all the 
protocols and procedures needed for a complete radio-access network.

The capabilities and system performance of LTE were illustrated in Chapter 18 and it was shown 
that all the requirements defined by the ITU for IMT-Advanced were fulfilled, in many cases by a sig-
nificant margin.

At the same time as ITU-R is completing the work on the formal IMT-Advanced recommenda-
tions, activities are initiated to look at what will come beyond IMT-Advanced in the 2012–2020 time 
frame. Several regional workshops on “IMT for the 2010–2020 Decade” are planned for 2011 and a 
new report looking at global broadband wireless services and marketplace for IMT has been initiated 
within ITU-R WP5D. The basis for the continued work is that future mobile broadband consumers 
will expect similar user experience and access to similar services and applications in the mobile envi-
ronment as for fixed broadband, with the added convenience of mobility. Studies within ITU-R will 
include long-term market forecasts and take into account new user behavior, specifically considering 
personal computers and smart phones.

20.1  WHERE TO GO IN THE FUTURE?
The evolution of LTE does not end with LTE release 10. Rather LTE will continue to evolve into 
release 11, release 12, and so on, with each new release bringing additional capabilities and further 
enhanced system performance into the LTE radio-access technology. Not only will the additional 
capabilities provide better performance in existing applications, they may also open up for, or even 
be motivated by, new application areas. Examples hereof are home automation, smart transportation, 
security, and e-books, but the list is continuously growing as additional applications benefiting from 
mobile connectivity are emerging. Similarly, new ways of deploying cellular networks, for example 
more extensive use of massive beam-forming or ubiquitous access to optical fibers in the backhaul, 
may call for enhancements in the radio interface.
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Initial 3GPP discussions on release 11 have already started, with actual work expected to be initi-
ated in early 2011, aiming for completion of this release in mid-2012. In the following, some possible 
areas for the future evolution of LTE will be briefly discussed. Some of these areas may happen in 
release 11 or 12, while others may be more futuristic.

20.1.1  Advanced Multi-Cell Coordination
Coordinated Multi-Point transmission and reception (CoMP) refers to a wide range of differ-
ent techniques with the common denominator being the dynamic coordination of transmission and/
or reception at multiple geographically separated sites with the aim to enhance system performance 
and end-user service quality. Many different coordination schemes of very different characteristics  
fall under the joint umbrella of CoMP, ranging from dynamic inter-cell scheduling coordination to 
joint transmission/reception at multiple sites. In the former case, CoMP can, to a large extent, be seen 
as an extension of the inter-cell interference coordination that is already part of LTE, discussed in 
Chapter 13.

Joint reception means that the signals received at multiple sites are jointly processed for enhanced 
reception performance. Maximum-ratio combining and interference-rejection combining are exam-
ples of schemes that can be used to combine the uplink transmission received at multiple points. This 
is, in many respects, similar to softer handover used within a site, for example in WCDMA/HSPA-
based systems, but extended to multiple sites.

Joint transmission implies that data is transmitted to a mobile terminal jointly from several sites, 
thereby not only reducing the interference but also increasing the received power. The transmis-
sion from the sites can also take the instantaneous channel conditions at the different terminals into 
account to enhance the received signal strength, while at the same time reducing the interference 
between different transmissions.

In general, both joint reception and transmission pose high requirements on low latency in the 
communication between the network node involved in the joint processing and the different antennas 
involved in the reception/transmission. Hence, in practice, it can be expected that the different sites 
may be connected in the form of a centralized RAN (C-RAN) deployment for example, as briefly dis-
cussed in Chapter 13.

20.1.2  Network Energy Efficiency
Low energy consumption for mobile terminals has been an important requirement ever since the 
emergence of hand-held terminals roughly 20 years ago. The driving force has been the reduction in 
battery size and improved battery time. Today, reduced energy consumption also in the radio-access 
network is receiving increased attention for several reasons:

l	 The cost of energy is a far from negligible part of the overall operational cost for the operator. 
Thus, reduced energy consumption is one component in the everlasting quest for reduced operat-
ing costs for network operators.

l	 In some rural areas, it may not even be possible to connect the base station to the electrical grid. 
With sufficiently low energy consumption, reasonably sized solar panels could be used as power 
source, instead of the diesel generators commonly used today.
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l	 In today’s world, where energy consumption and the related climate impact is seen as one of 
the great challenges for the future, the mobile industry should lead the way for reduced energy 
consumption.

Regarding the third point, it is important to bear in mind though that the entire ICT (Information 
and Communication Technologies) sector today (2010) contributes roughly 2% of the overall world 
energy consumption and the contribution of the mobile-communication sector is just a fraction of 
that. At the same time, the emergence of mobile broadband communication opens up tremendous 
opportunities for reducing the global energy consumption in general by, for example, virtual meetings 
replacing traveling to physical meetings.

Still, low energy consumption in mobile networks is important. In particular, taking into account 
large future traffic increases, where traffic growth of several hundred times up to perhaps 1000 times 
can be expected in a longer-term perspective, low energy consumption of the mobile networks will 
most likely be as important a performance metric as capacity, data rates and latency, and must be 
treated as such.

Reducing the energy consumption of mobile networks is, to a large extent, an implementation 
issue. However, it is important to ensure that the basic principles of the radio-access technology 
allows for low energy consumption. One key characteristic is that the energy consumption should 
scale with the use of the radio resources, not only on average but also on a short-term basis. That is, 
during points in time where there is no traffic, the energy consumption should be reduced to an abso-
lute minimum, for example by avoiding all but absolutely necessary transmissions. LTE already pro-
vides several tools that can be used for this. Nevertheless, the future evolution of LTE should further 
strive for minimizing transmission of signals strictly not needed.

This will be even more important as the network becomes more and more dense with more and 
more network nodes. In such network deployments, which may typically be heterogeneous networks 
as discussed in Chapter 13, pico cells may often be deployed to provide high data rates, rather then 
being needed for capacity reasons. Thus, the load per cell may be relatively low and each pico cell 
may often be more or less “empty”, further stressing the importance of very low energy consumption 
when idle.

20.1.3  Machine-Type Communication
Similar to earlier mobile-communication systems, LTE has been designed with data services in mind 
and much effort has been put into developing techniques for providing high data rates and low laten-
cies for services such as file downloading and web browsing. However, with the increased availability 
of mobile broadband, connectivity has also become a realistic option for machine-type communica-
tion. Machine-type communication spans a wide range of applications, from massive deployment of 
low-cost battery-powered sensors to remote-controlled utility meters, to surveillance cameras. Many 
of these applications can be handled by LTE already; communicating with a surveillance camera, for 
example, is not significantly different from uploading a file, in which case high data rates are para-
mount. However, other applications may not require transmission of large amounts of data or low 
latency, but rather pose challenges in terms of a vast amount of devices connecting to the network. 
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According to some sources [107], 50 billion connections, most of them machine-type communica-
tions, can be expected in the year 2020. Handling such a large number of devices is likely to be a 
challenge mainly for the core network, but improvements in the area of connection setup and power-
efficient handling of control signaling in the radio-access network may be of interest.

20.1.4  New ways of Using Spectrum
Spectrum has been, is, and will continue to be a scarce resource for the mobile-communication indus-
try. In particular, in light of the continuous increase in the data rates requested and the corresponding 
need for wider bandwidths, it is expected that spectrum will remain a scarce resource.

Historically, up until now, the mobile industry has relied on spectrum dedicated for mobile com-
munication and licensed to a certain operator. This will also clearly be the main track for the future. 
However, in situations where licensed spectrum is not available, other possibilities for increasing the 
spectrum availability are of interest. This could include the use of unlicensed spectrum, or second-
ary spectrum primarily used for other communication services, as a complement to operation in the 
licensed spectrum. Broadcast spectrum not used (in some areas) is often referred to as “white space” 
[108]. Related to this is the concept of cognitive radio [109,110] – that is, radio-access-related func-
tionality related to “smart” selection of spectrum usage. However, the applicability of cognitive radio 
to cellular communication is a relatively new area and further studies are required to assess the feasi-
bility and impact of such usage.

20.1.5  Direct Device-to-Device Communication
One possible longer-term evolution path would be to extend the LTE radio-access technology with 
support for direct device-to-device communication – that is, make it possible for two mobile termi-
nals to communicate directly with each other without going via the network. This has been studied 
in academia for some years, for example as part of the European research project WINNER [111]. 
Scenarios where the possibility for direct device-to-device communication could be of interest 
include situations where no network infrastructure is available, for example national security and 
public safety (NSPS), and situations where network infrastructure is available but when communi-
cation directly between the terminals could be more efficient, either in terms of requiring a smaller 
amount of radio resources for the same communication quality or allowing for improved communi-
cation quality. In the latter case, one could envision different degrees of network interaction in the 
device-to-device communication. However, this area is still in its infancy and scenarios where device-
to-device communication offers benefits and how to interact with infrastructure-based communication 
need to be better understood.

Related to device-to-device communication is the possibility to also use LTE as a radio-access 
technology in the home, for example a digital camera connecting to the TV. Although such connectiv-
ity is possible to some extent today by using (semi-proprietary) technology, basing this type of com-
munication on LTE could be attractive. When outside the home, the devices can communicate with 
the cellular LTE network, but while at home they can seamlessly connect to the local LTE network 
covering the home. Furthermore, for devices that are to be used at home only, operation without a 
SIM card and interaction with an external core network should be possible. Adding this type of func-
tionality to LTE is most likely a relatively simple task.
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20.2  CONCLUDING REMARKS
The list of technology areas above should be seen as examples. Some of these technologies will most 
likely be part of future releases of LTE, while others may not happen at all. There may also be other 
technologies, not listed above and maybe yet to be discovered, that could be of interest for LTE evo-
lution. What is clear though is that LTE is a very flexible platform that can evolve in different direc-
tions to meet the future needs of wireless communication. Given the size of the LTE ecosystem, such 
evolution is a very attractive path for future wireless communication.
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Link adaptation, 79–81, 113, 389

see also Rate adaptation

Logical channels, 113, 116

LTE-Advanced, 103

see also Release 10, IMT-Advanced

M
MAC, 115

control element, 118

Machine-type Communication, 413–414

Master Information Block (MIB), 305–307

MBMS, 323–330

MBMS Control Channel (MCCH), 116, 

325–329

MBMS Traffic Channel (MTCH);, 116, 325, 329

MBSFN, 102, 128, 131–132, 324–328

MBSFN area, 324

MBSFN subframe, 131–132, 326–327, 335

MCCH see MBMS Control Channel

MCH see Multicast Channel

MCH Scheduling Information (MSI), 329

MCH Scheduling Period (MSP), 328

MCH subframe allocation (MSA), 329

MIB see Master Information Block

MIMO see spatial multiplexing

MME see Mobility Management Entity

Mobility Management Entity (MME), 110

MSR see Multi-Standard Radio

MTCH see MBMS Traffic Channel

Multi-carrier transmission, 21–25

for CDMA2000, 405

for EDGE, 398

for HSPA, 395

for LTE see carrier aggregation

for TD-SCDMA, 396

Multicast, 43–44

see also MBMS

Multicast/Broadcast over Single–Frequency

Network see MBSFN

Multicast Channel (MCH), 117, 325–328

Multi-cell/multicast Coordination Entity 

(MCE), 324

Multi-Standard Radio (MSR) base stations, 

359–361

N
NAS see Non-Access Stratum

New-data indicator, 184, 191, 249–253

NodeB, 391

Non-Access Stratum (NAS), 110

O
OCC see Orthogonal Cover Codes

OFDM see Orthogonal Frequency Division 

Multiplex

OFDMA, 41

OI see Overload Indicator

Operating bands, 348–352

Operating band unwanted emissions, 363, 

368–369
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Orthogonal Cover Codes (OCC)

for downlink demodulation reference signals, 

156

for CSI reference signals, 159

for uplink reference signals, 216

Orthogonal Frequency Division Multiplex 

(OFDM), 27–44

demodulation, 29

FFT/IFFT implementation, 30–32

in LTE, 127–131

Out-of-band

blocking, 374

emissions, 367–368

Overload Indicator (OI), 292

P
Packet Data Network Gateway (P-GW), 110

Packet Data Convergence Protocol (PDCP),  

111

Paging, 319–321

Paging Channel (PCH), 116

Paging Control Channel (PCCH), 116

Partial path-loss compensation see 

path-loss compensation

Path-loss compensation, 270

PBCH see Physical Broadcast Channel

PCCH see Paging Control Channel

PCFICH see Physical Control Format Indicator 

Channel

PCH see Paging Channel

PCRF see Policy and Charging Rules Function

PDCCH see Physical Downlink Control 

Channel

PDCP see Packet Data Convergence Protocol

PDSCH see Physical Downlink Shared Channel

PDU see Protocol Data Unit

P-GW see Packet Data Network Gateway

PHICH see Physical Hybrid-ARQ Indicator 

Channel

Physical Broadcast Channel (PBCH), 123

Physical channel, 123

Physical Control Format Indicator Channel 

(PCFICH), 123, 174–177

Physical Downlink Control Channel (PDCCH), 

123, 179–181, 195–202

Physical Downlink Shared Channel (PDSCH), 

123, 143–152

Physical Hybrid-ARQ Indicator Channel, 123, 

177–179

Physical-layer cell identity, 301

Physical Multicast Channel (PMCH), 123, 

326–327

Physical Random Access Channel (PRACH), 

124, 312

Physical Resource Block (PRB):

downlink, 129–130, 149–152

uplink, 129–130, 205–207

Physical Uplink Control Channel (PUCCH), 

123, 227–242

transmit diversity for

Physical Uplink Shared Channel (PUSCH), 

123, 203–210

PMCH see Physical Multicast Channel

PMI see Precoding-Matrix Indicator

Policy and Charging Rules Function (PCRF), 

110

Positioning, 103

Power control, 79–81

for PRACH, 315

for PUCCH, 267–269

for PUSCH, 269–271

for SRS, 271–272

in LTE uplink, 265–272

Power Headroom, 271–272, 280

PRACH see Physical Random Access Channel
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PRB see Physical Resource Block

Pre-coding, LTE, 161–173

codebook-based, 165

closed-loop, 167

non-codebook-based, 169

open-loop, 168

Precoding-Matrix Indicator (PMI), 167, 242, 

283

Protocol Data Unit (PDU), 113

PUCCH see Physical Uplink Control Channel

PUSCH see Physical Uplink Shared Channel

Q
QoS, 110

QPP, 146

QPSK, 19–20

R
RACH see Random Access Channel

Radio access network, 95, 111

Radio bearer, 111

Radio frame see Frame

Radio Link Control (RLC), 113–115, 247, 

257–264

Radio Network Controller (RNC), 391

Radio Resource Control (RRC), 124–125

Radio Resource Management (RRM), 111, 265

RAKE, 45

RAN see Radio access network

Random access, 310–319

preamble, 312–317

Random Access Channel (RACH), 117

Rank indicator, 242, 283

Rate adaptation, 97–99, 115, 272

see also link adaptation

Rate control, 106–7

in LTE, 304

Rate matching, 147, 204

Receive diversity, 60, 100

Redundancy version, 92–93, 147, 184, 191, 

204, 251, 253–254

Reference sensitivity:

for LTE BS, 373

for LTE terminal, 373

Reference signal:

Cell-specific, 153–156

CRS see reference signal, cell specific

CSI see reference signal, channel-state 

information

Demodulation (DM-RS, in downlink)  

see reference signal, UE-specific

for channel-state information, 158–161

for MBSFN, 153, 327–328

for positioning, 153

for sounding see sounding reference signal

for uplink demodulation, 211–217

power-boosted, 154UE-specific, 153

Reference-signal sequence:

phase-rotated/“cyclically shifted”, 213–214

frequency-domain, 210–211

Reference symbol, 35–36, 153

frequency shifted, 154

Relay, 331–345

access link, 332

amplify-and-forward see repeater

architecture, 333–334

backhaul link, 332

control signalling see Relay Physical 

Downlink Control Channel

decode-and-forward, 331

hybrid-ARQ operation, 336–337

inband, 332

outband, 332

Relay Physical Downlink Control Channel 

(R-PDCCH), 337–342
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Relative Narrowband Transmit Power (RNTP), 

292

Release 8 (LTE), 95–102

Release 9 (LTE), 95, 102–103

Release 10 (LTE), 103–105

see also LTE-Advanced

Reordering, 262

Repeater, 331

Resource-allocation type, 185–186,  

192–193

Resource block:

in downlink, 129–130, 149–153

in uplink, 129–130, 205–210

signaling of, 185–187

Resource-block pair, 130

Resource element, 129

Resource element group, 175

RI see Rank Indicator

RLC see Radio Link Control

Roaming, 2, 7, 11

RNC see Radio Network Controller

RNTP see Relative Narrowband Transmit 

Power

R-PDCCH see Relay Physical Downlink 

Control Channel

RRC see Radio Resource Control

RRC_IDLE, 125–126

RRC_CONNECTED, 125–126

RRM see Radio Resource Management

S
S1 interface, 111

SAE, 8, 95

Scheduling:

assignment, 179, 181–189

channel-dependent, 79, 81–89, 97–99

downlink, 81–85, 273–275

frequency-domain, 87, 97–98

grant, 180, 189–93

greedy filling, 85, 86

half-duplex FDD, 281–82

max-C/I, 82–85

proportional fair, 83–84

request, 229, 234, 238–239, 277–280

round robin, 83–84

semi-persistent, 119, 280–281

uplink, 85–87, 275–280

SDU see Service Data Unit

Search space, 199

Selectivity:

adjacent channel see ACS

in-channel see ICS

Self-backhauling see Relay

Served traffic, 383

Service Data Unit (SDU), 113

Serving cell, 279

Serving Gateway (S-GW), 110

SFBC see Space-Frequency (Block) Coding

SFN see Single–frequency network

SFN see System Frame Number

S-GW see Serving Gateway

Shared-channel transmission, 97, 119

SI see System Information message

SIB see System Information Block

SIC see Successive Interference cancellation

Single-frequency network (SFN), 44

see also MBSFN

SI-RNTI see System Information RNTI

Slot, 128–30

Soft handover, 391

Sounding reference signal, 217–221

Space-Frequency Block Coding (SFBC), 68, 

163–165, 306

Space Time (Block) Coding (ST(B)C),  

66–68
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Spatial multiplexing, 71–79, 100, 105

multi-codeword based, 75–77

pre-coder based, 74–75

single-codeword based, 75–77

in LTE see Pre-coding (LTE)

Special subframe, 138–40

Spectral efficiency, 337

performance, 380–387

requirement, 380, 384

Spectrum flexibility, 100–102, 354

Spurious emissions, 363, 367–369, 372

Standardization, 8–13

Subcarrier spacing:

in general, 38

LTE, 127

reduced, 128

Subframe, 128

Successive Interference Cancellation (SIC)  

see Interference cancellation

Symbol quadruplet, 175

Synchronization signal, 302–304

System Frame Number (SFN), 128, 305

System Information, 305

System Information Block (SIB), 305, 

308–310

System Information message (SI), 308–310

System Information RNTI (SI-RNTI), 308

System performance, 377–379

System throughput, 379, 383

T
TDD see Time Division Duplex

TD-SCDMA, 140, 395–396

Time Division Duplex, 3, 6, 101, 138–141, 385

Timing advance, 245–246

for relaying, 343–344

Transmission mode, 162

Transmission rank, 166

Transmission Time Interval (TTI), 116

Transmit Diversity, 67–69, 163–165

for PUCCH, 226

Transparent mode (for RLC), 261

Transport block, 116

signaling of size, 187–189

Transport channels, 116–118

Transport format, 116

Transport format selection, 116, 120, 273

TTI see Transmission Time Interval

U
UCI see Uplink Control Information

UE categories, 105–106

UL-SCH see Uplink Shared Channel

UMB, 403

Unacknowledged mode (for RLC), 261

Unwanted emissions, 362, 367–372

Uplink Control Information (UCI), 123

Uplink Shared Channel (UL-SCH), 117

UpPTS, 138–140

User Equipment (UE), 106

categories, 106–107

User throughput, 378

UTRA FDD see WCDMA

UTRA TDD, 11, 395–396

V
VAMOS, 401

Virtual Resource Block (VRB), 150

distributed vs. localized, 150–151

downlink, 150

uplink, 208

VRB see Virtual Resource Block
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W
WCDMA, 3, 389–395

White space, 414

WiMAX, 405–408

X
X2 Interface, 111

Z
Zadoff-Chu sequences, 212
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Agenda item: 9.6 

Source: Nokia, Alcatel-Lucent Shanghai Bell 

Title: Beam Forming Impacts 

SID: FS_NR_newRAT - Release 14 

Document for: Discussion and Decision 

1 Introduction 
A new study item was agreed at RAN#71 that aims to develop a New Radio Access Technology (NR) [1]. In the study 
item document, key requirements were listed and it was proposed that NR system should be able to use frequency bands 
up to 100 GHz. To compensate the increased path loss of higher frequency bands, the need for beam forming was 
identified. In this contribution we propose to include the study of potential impacts of common channel beam forming 
on Layer 2 protocols and procedures design.   

2 Discussion 
The effect of higher frequencies on coverage and the compensation of path loss by using multiple narrow beams for 
downlink common channels are illustrated on Figure 1. In lower frequency bands (e.g. current LTE bands < 6GHz) the 
required cell coverage may be provided by forming a wide sector beam for transmitting downlink common channels. 
However, utilizing wide sector beam on higher frequencies (>> 6GHz) the cell coverage is reduced with same antenna 
gain. Thus, in order provide required cell coverage on higher frequency bands, higher antenna gain is needed to 
compensate the increased path loss. To increase the antenna gain over a wide sector beam, larger antenna arrays 
(number of antenna elements ranging from tens to hundreds) are used to form high gain beams.  

As a consequence the high gain beams are narrow compared to a wide sector beam so multiple beams for transmitting 
downlink common channels are needed to cover the required cell area. The number of concurrent high gain beams that 
access point is able to form may be limited by the cost and complexity of the utilized transceiver architecture. In 
practice, on higher frequencies, the number of concurrent high gain beams is much less than the total number of beams 
required to cover the cell area. In other words, the access point is able to cover only part of the cell area by using a 
subset of beams at any given time. 
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Sector Beam Coverage at 
high frequency

Sector Beam Coverage at 
low frequency

High Gain Narrow Beam 
Coverage at high 

frequency 

 

Figure 1. Illustration of providing cell coverage with sector beams 
and multiple high gain narrow beams 

In DL, common channels including synchronization signals, system information and paging will be sweeping across 
beams to cover the entire cell area. In UL, reception of random access channel (RACH) will also be impacted by the 
presence of beams. Thus, RAN2 should study the impact of beamforming when designing and defining NR L2 
protocols and procedures. 

Proposal 1: RAN2 should study the potential impact of beam formed common control plane and beam forming 
in general on NR Layer 2 procedures and protocol design 

Beam formed common control plane may also have an impact to UE mobility. Due to the need for potentially multiple 
narrow beams to cover a cell area UE may move from coverage area of one beam to another beam inside the cell the 
impact of so-called beam level mobility and its visibility to Layer 2 and Layer 3 should be studied. Furthermore it 
should be also studied how the beam forming affects inter-cell mobility procedures  

Proposal 2: RAN2 should study the potential impact of beam formed common control plane and beam forming in 
general on the NR mobility and its visibility to Layer 2 

3 Conclusion 
Proposal 1: RAN2 should study the potential impact of beam formed common control plane and beam forming 
in general on NR Layer 2 procedures and protocol design 

Proposal 2: RAN2 should study the potential impact of beam formed common control plane and beam forming in 
general on the NR mobility and its visibility to Layer 2 
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